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Welcome!

This is the Operation Manual for Steinberg's Cubase.
Here you will find detailed information about all the fea-
tures and functions in the program.

About the program versions

The documentation covers two program versions; Cubase
and Cubase Studio, for two different operating systems or
“platforms”; Windows and Mac OS X.

Some features described in the documentation are only
applicable to the Cubase version. Whenever this is the
case this will be clearly indicated in the heading of the re-
lated subject.

Similarly, some features and settings are specific to one of
the platforms, Windows or Mac OS X. This is clearly
stated in the applicable cases. In other words:

= If nothing else is said, all descriptions and procedures in
the documentation are valid for both Cubase and Cubase
Studio, under Windows and Mac OS X.

The screenshots are taken from the Windows version of Cubase.

Key command conventions

Many of the default key commands in Cubase use modifier
keys, some of which are different depending on the oper-
ating system. For example, the default key command for
Undo is [Ctrl]-[Z] under Windows and [Command]-[Z] un-
der Mac OS X.

When key commands with modifier keys are described in
this manual, they are shown with the Windows modifier
key first, in the following way:

[Win modifier key]/[Mac modifier key]-[key]

For example, [Ctrl]/[Command]-[Z] means “press [Ctrl]
under Windows or [Command] under Mac OS X, then
press [Z]".

Similarly, [Alt]/[Option]-[X] means “press [Alt] under Win-
dows or [Option] under Mac OS X, then press [X]".

= Please note that this manual often refers to right-click-
ing, e.g. to open context menus. If you are using a Mac with
a single-button mouse, hold down [Ctrl] and click.
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About this chapter

Cubase uses a system of input and output busses to trans-
fer audio between the program and the audio hardware.

* Input busses let you route audio from the inputs on your audio
hardware into the program. This means that when you record
audio, you will always do this through one or several input
busses.

= Output busses let you route audio from the program to the
outputs on your audio hardware. When you play back audio,
you will always do this through one or several output busses.

As you can see, the input and output busses are vital when
you work with Cubase. This is why you find this chapter at
the beginning of the Operation Manual — once you under-
stand the bus system and know how to set up the busses
properly, it will be easy to go on with recording, playing
back, mixing and doing surround work (Cubase only).

Setting up busses

Strategies

In Cubase, you can create any number of busses. A num-
ber of surround formats are supported (Cubase only). In
Cubase Studio, busses are in mono or stereo.

= The bus configuration is saved with the project —
therefore it is a good idea to add and set up the busses
you need and save these in a template project (see “Save
as Template” on page 457).

When you start working on new projects, you start from this template.
That way you get your standard bus configuration without having to make
new bus settings for each new project. If you need to work with different
bus configurations in different projects, you can either create several dif-
ferent templates or store your configurations as presets (see “Other bus
operations” on page 17). The templates can of course also contain other
settings that you regularly use — sample rate, record format, a basic track
layout, etc.

So, which type of busses do you need? This depends on
your audio hardware, your general audio setup (e.g. sur-
round speaker setup) and what kind of projects you work
with.

Here's an example:

Let's say you are using audio hardware with eight analog
inputs and outputs and digital stereo connections (10 in-
puts and outputs all in all). Furthermore, you work with a

surround setup in 5.1 format (Cubase only). Here's a list

of busses you may wish to add:

Input busses

* Most likely you need at least one stereo input bus assigned to
an analog input pair. This would let you record stereo material. If
you want to be able to record in stereo from other analog input
pairs as well, you add stereo input busses for these, too.

= Although you can record mono tracks from one side of a ste-
reo input, it may be a good idea to add a dedicated mono in-
put bus. This could be assigned to an analog input to which
you have connected a dedicated microphone pre-amp for ex-
ample. Again, you can have several different mono busses.

* You probably want a dedicated stereo input bus assigned to
the digital stereo input, for digital transfers.

= Cubase only: If you want to transfer surround material directly
to a surround track, e.g. from surround-configured location re-
cording equipment, you need an input bus in that surround
format — in this example, this would be a 5.1 input bus.

Output busses

* You probably want one or several stereo output busses for
monitoring and listening to stereo mixes.

= For digital transfers, you need a stereo bus assigned to the
digital stereo output as well.

= Cubase only: You need a surround bus in the format of your
speaker configuration (in this example, 5.1) assigned to the
correct outputs (which in turn are connected to the correct
speakers). You may want additional surround busses if you
tend to work in different surround formats.

/\ Different busses can use the same inputs/outputs on
the audio hardware! For example, you may want a
stereo output bus assigned to the same outputs as
the front stereo channels in your surround bus — this
makes it easy to listen to stereo mixes without having
to reconnect your speakers.

VST Connections: Setting up input and output busses



Preparations

Before you set up busses, you should name the inputs and
outputs on your audio hardware. For example, if you are us-
ing a 5.1 surround speaker setup, you should name the
outputs according to which speaker they are connected to
(Left, Right, Center and so on).

The reason for this is compatibility — it makes it easier to
transfer projects between different computers and setups.
For example, if you move your project to another studio,
the audio hardware may be of a different model. But if
both you and the other studio owner have given your in-
puts and outputs names according to the surround setup
(rather than names based on the audio hardware model),
Cubase will automatically find the correct inputs and out-
puts for your busses and you will be able to play and
record without having to change the settings.

Use the Device Setup dialog to assign names to the in-
puts and outputs of your audio hardware:

1. Open the Device Setup dialog from the Devices menu.

2. Make sure that the correct driver for your audio hard-
ware is selected on the VST Audio System page, so that
the audio card is listed in the Devices list.

3. Select your audio card in the list.
The available input and output ports on your audio hardware are listed on
the right.

4. To rename a port, click its name in the “Show as” col-
umn and enter a new name.

= If needed, you can also disable ports by deactivating
them in the “Visible” column.

Disabled ports will not show up in the VST Connections window when
you are making bus settings. If you attempt to disable a port that is used
by a bus, you will be asked whether this is really what you want — note
that this will remove the port from the bus!

5. Click OK to close the Device Setup dialog.

= If you open a project created on another computer and
the port names do not match (or the port configuration is
not the same — e.g. the project is created on a system with
multi-channel i/o and you open it on a stereo in/out system),
the Pending Connections dialog will appear.

This allows you to manually re-route ports used in the project to ports
available in your system.

Mac OS X only: Retrieving channel names

For some audio cards, you can automatically retrieve the
ASIO channel names for the ports of your audio hardware:

1. Open the Device Setup dialog via the Devices menu.

2. On the VST Audio System page, select your audio
card on the “ASIO driver” pop up menu.

3. Inthe Devices list to the left, select your audio card.
The available settings are displayed.

4. In the settings section to the right, click the Control
Panel button.
This opens the control panel for your audio hardware.

5. Activate the “Use CoreAudio Channel Names” option.

6. When you now open the VST Connections window to
set up the busses in your system, you will find that the port
names in the Device Port column correspond to the names
that are used by the CoreAudio driver.

= If you want to use the project later on with an earlier
version of Cubase, you will have to re-assign the port con-
nections in the VST Connections window (see below).

Mac OS X only: Port selection and activation

On the settings page for your audio card (opened via the
Device Setup dialog, see above), you can specify which
input and which output port should be active. This allows
you, for example, to use the Microphone input instead of
the Line input or even to deactivate the audio card input or
output completely, if required.

= This function is only available for Built-In Audio, stan-
dard USB audio devices and a certain number of other au-
dio cards (e.g. Pinnacle CineWave).

VST Connections: Setting up input and output busses



The VST Connections window

You add and set up busses in the VST Connections win-
dow, opened from the Devices menu.

€ VST Connections - Outputs

BEX]

| Estemalinstuments | St |

Irputs | Outputs ] Group/FX 1 Esternal FX

B4l AddBus Presets [N -] (5 (=5

Bus Name | Speakers | Audio Device. | Device Fort [ Click | |
- g Stereo Dt Steren Yamaha Steirberg Py 4310 Clck [~
o Laft MAGTEX Anelog T
o Right MRETEX Anelog 2
B 5100 51 Yamaha Steinbera Fw 4510
o Lek MAET6% Anelog 3
o Righ HIFIB1 62 Anclog 4
o Center MAGTEX Analon &
=0 IFE MRETEX Analog &
o Lelt Suround MRE16% Anelon 7
o Right Suround HIFIB1 % Anclog &
E1- Mona Out Mono Yameha Steinbera FW ASI0
o Moo MRETEX Analog T
- Moo 0ut 2 [ Yamaha Steinbera Fw 4510
o Moo MAETE% Anelog 2.
qJ B

This window contains the following tabs:

= The Inputs and Outputs tabs are for viewing input busses or
output busses, respectively.

= The Group/FX tab allows you to create Group and FX chan-
nels/tracks and to make output assignments for these. See
“Setting up Group and FX channels” on page 20.

* The External FX tab (Cubase only) allows you to create effect
send/return busses for connecting external effects which can
then be selected via the effect pop-up menus from inside the
program. See “External instruments/effects (Cubase only)” on
page 20 and “Using external effects (Cubase only)" on page
163 for further information.

* The External Instruments tab (Cubase only) allows you to cre-
ate input/output busses for connecting external instruments.
See “External instruments/effects (Cubase only)" on page 20
and the chapter “VST Instruments and Instrument tracks” on
page 169 for further information.

* The Studio tab (Cubase only) is where you enable and config-
ure the Control Room. See the chapter “Control Room (Cu-
base only)” on page 135.

For the time being, we shall focus on how to set up input
and output busses.

Depending on which tab you have selected, Inputs or Out-
puts, the window lists the current input or output busses,
with the following columns:

Column Description

Bus Name Lists the busses. You can select busses and rename
them by clicking on them in this column.

Speakers Indicates the speaker configuration (mono, stereo, sur-

round formats) of each bus.

Audio Device  This shows the currently selected ASIO driver.

Column Description

Device Port When you have “opened” a bus (by clicking its + button
in the Bus Name column) this column shows which phys-
ical inputs/outputs on your audio hardware are used by
the bus.

Click You can route the click to a specific output bus, regard-

less of the actual Control Room output, or indeed when
the Control Room is disabled.

Adding a bus

1. Click the Inputs or Outputs tab depending on which
you want to add.

2. Click the Add Bus button.

A dialog appears.
(‘ Add Output Bus
~| Configuration
I Ok I [ Cancel ]

3. Select the desired (channel) configuration.

The pop-up menu contains Mono and Stereo options as well as several
surround formats (Cubase only). To select another surround format, use
the “More..." submenu.

= Alternatively you can right-click in the VST Connections
window and add a bus in the desired format directly from
the context menu.

The new bus appears with the ports visible.

4. Click in the Device Port column to select an input/out-
put port for a channel in the bus.

The pop-up menu that appears lists the ports with the names you have as-
signed in the Device Setup dialog. Repeat this for all channels in the bus.

Adding a child bus (Cubase only)

A surround bus is essentially a set of mono channels -

6 channels in the case of the 5.1 format. If you have a
mono track in the project, you can route it to a separate
speaker channel in the bus (or route it to the parent sur-
round bus and use the SurroundPanner to position it in the
surround image). But what if you have a stereo track that
you simply want to route to a stereo channel pair within the
bus (Left and Right or Left Surround and Right Surround
for example)? For this you need to create a child bus.

VST Connections: Setting up input and output busses



1. Select the surround bus in the list and right-click on it.

A pop-up menu appears.

Bus Name ‘ Speakers | Audio Device | Device
[ ¢ Stereo Out Steren “ramaha Steinberg Fw/ ASI0
—o Left MRE1E
—o Right MRS16
= “ramaha Steinberg Fw/ ASI0
Always on Top MR
Add Bus 3 MRS16
MRB1E
Add Child Bus ko "S.1 Out" »| Stereo MRE1G
. . Steren (Ls Rs) MRBTE:
—] Set "5.1 Out” as Main Mix Sterea (C LFe) MEZIE
Remove Bus LRC
T LRCHLfe
Cuadro
Quadro+LFe
5.0

2. Select a channel configuration from the “Add Child
Bus" submenu.

As you can see, you can create stereo child busses (routed to various
speaker channel pairs in the surround bus) or other surround bus formats
(with fewer channels than the “parent bus”).

The child bus you created will be available for direct rout-
ing in the mixer. It is a part of the parent surround bus,
which means there will be no separate channel strip for it.

Although child busses are probably most useful in output
busses, you can also create child busses within a sur-
round input bus — for example if you want to record a ste-
reo channel pair (e.g. front left-right) in the surround bus
to a separate stereo track.

Setting the Main Mix bus (the default output bus)

The Main Mix is the output bus that each new channel in
the mixer will be assigned to when it is created.

Any of the output busses in the VST Connections window
can be the default output bus. By right-clicking on the
name of an output bus, you can set this bus as the Main
Mix bus.

—o Right
= *=maha Steinb
Always on Top
Add Bus 3
Add Child Bus to "5.1 Qut'* »
El--hono Remove Bus maha Steinb
F—

Setting the default output bus in the VST Connections window.

When creating new audio, group or FX channels in the
mixer, they will automatically be routed to the default bus.

/N The default bus is indicated by an orange colored
speaker icon next to its name in the VST Connec-
tions window.

Presets

On the Inputs and Outputs tabs, you will find a Presets
menu. Here you can find three different types of presets:

= A number of standard bus configurations.

= Automatically created presets tailored to your specific
hardware configuration.

On each startup, Cubase will analyze the physical inputs and outputs
provided by your audio hardware and create a number of hardware-
dependent presets with the following possible configurations:

= one stereo bus

= various combinations of stereo and mono busses

= anumber of mono busses

= Cubase only: one 5.1 bus (if you have 6 or more inputs)

= Cubase only: various combinations of 5.1 and stereo busses
(if you have 6 or more inputs)

* Cubase only: various combinations of 5.1 and mono busses (if
you have 6 or more inputs)

* You can also save your own setups as presets.

To store the current configuration as a preset, click the Store “+" button
and enter a name for the preset. You can then select the stored configu-
ration directly from the Presets pop-up menu at any time. To remove a
stored preset, select it and click the “-" button.

Other bus operations

= To change the port assignment for a bus, you proceed
as when you added it: Make sure the channels are visible
(by clicking the “+" button next to the bus, or by clicking

the “+ All" button at the top of the window) and click in the
Device Port column to select ports.

= To remove a bus you do not need, select it in the list,
right-click and select “Remove Bus" from the pop-up
menu, or press [Backspace].
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Using the busses

This section describes briefly how to use the input and out-
put busses you have created. For details refer to the chap-
ters “Recording” on page 66 and “The mixer” on page 109.

Routing

When you play back an audio track (or any other audio-re-
lated channel in the mixer — VST Instrument channels,
ReWire channels, etc.), you route it to an output bus. In
the same way, when you record on an audio track you se-
lect from which input bus the audio should be sent.

* You can select input and output busses in the Inspec-
tor, using the Input and Output Routing pop-up menus.

Ot
Mo Bus

v Stereo Out
Left
Right

tono Out

* You can also select busses in the Routing panel at the
top of each channel strip in the mixer.

= If the Routing panel is not shown, click the Show Rou-
ting button in the extended common panel or open the
Mixer context menu and select “Show Routing View” from
the Window submenu (see “Normal vs. Extended channel
strips” on page 112).

= For audio-related channel types other than audio track
channels (i.e. VST Instrument channels, ReWire channels,
Group channels and FX channels), only the Output Rou-
ting pop-up menu is available.
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= If you press [Shift]-[Alt]/[Option] and select an input or
output bus in the Track list or the Mixer Routing View (Cu-
base only), it will be chosen for all selected channels.

This makes it easy to quickly set several channels to use the same input
or output. Similarly, if you press [Shift] and select a bus, the following se-
lected channels will be set to use incrementing busses - the second se-
lected channel will use the second bus, the third will use the third bus
and so on.

When selecting an input bus for a track you can only se-
lect busses that correspond to the track’s channel config-
uration. Here are the details for input busses:

= Mono tracks can be routed to mono input busses or individual
channels within a stereo or surround input bus (Cubase only).

= Mono tracks can be routed to External Inputs configured on
the Studio tab of the VST Connections window. These can be
mono or individual channels within a stereo or surround bus
(Cubase only). They can also be routed to the Talkback input.

= Mono tracks can also be routed to mono output busses, mono
group output busses or mono FX channel output busses, pro-
vided that these will not lead to feedback.

= Stereo tracks can be routed to mono input busses, stereo in-
put busses or stereo child busses within a surround bus (Cu-
base only).

= Stereo tracks can be routed to External Inputs that are config-
ured in the Studio tab of the VST Connections window. These
can be mono input busses or stereo input busses. They can
also be routed to the Talkback input.

= Stereo tracks can also be routed to mono or stereo output
busses, mono or stereo group output busses and mono or
stereo FX channel output busses, provided that these will not
lead to feedback.

» Surround tracks can be routed to surround input busses (Cu-
base only).

= Surround tracks can be routed to External Inputs that are con-
figured in the Studio tab of the VST Connections window, pro-
vided that these have the same input configuration.

= Surround tracks can also be routed to output busses, provided
that these have the same input configuration or will not lead to
feedback.

For output busses any assignment is possible.

/N Assignments that will lead to feedback are not avail-
able in the pop-up menu. This is also indicated by a
one-way symbol.

To disconnect input or output bus assignments, select
“No Bus" from the corresponding pop-up menu.
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Viewing the busses in the mixer

In the mixer, busses are represented by input and output
channels (shown in separate panes to the left and right in
the window). You can show or hide these independently
by clicking the Hide Input Channels and Hide Output
Channels buttons in the common panel:

Hide Input Channels
(Cubase only)

Hide Output Channels

= In Cubase Studio, only the output busses are visible in
the mixer!

The input busses you have created in the VST Connections window are
available for selection on the Input Routing pop-up menus, but you will
not be able to make any specific mixer settings for the input busses.

Input channels (Cubase only)

Stereo In

The input channels are shown to the left in the mixer. As
you can see, each input channel resembles a regular mixer
channel strip.

Here you can do the following:

= Check and adjust the recording level using the Input
Gain knobs and/or the level fader.
See “Setting input levels” on page 71.

= Change the phase of the input signal.
This is done by clicking the Input Phase button next to the Input Gain
control.

= Add effects or EQ to the input bus.
See “Recording with effects (Cubase only)” on page 78 for an example
of how to add effects to your recording at the input bus stage.

/N The settings you make in the input channel strip will
be a permanent part of the recorded audio file!

Output channels

]
1

L

BHCOOIE00

The output channels are shown to the right in the mixer.
Here you can do the following:

= Adjust the output level for the busses with the faders.

= Open the Channel Settings window to add effects or EQ.
These will affect the whole bus. Examples of effects you may want to add
here include compressors, limiters and dithering. See the chapter “Audio
effects” on page 150.
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Setting up Group and FX channels

The Group/FX tab in the VST Connections window shows
all Group channels and FX channels in your project. You
can create new Group or FX channels by clicking the corre-
sponding Add button. This is the same as creating Group
channel tracks or FX channel tracks in the Project window
(see “Using group channels” on page 127 and the chapter
“Audio effects” on page 150).

However, the VST Connections window also allows you to
create child busses for Group and FX channels (Cubase
only). This is useful e.g. if you have Group or FX channels in
surround format and want to route stereo channels to spe-
cific channel pairs in these.

To create a child bus for a Group channel or FX channel in
surround format, proceed as follows:

1. Open the VST Connection window and select the
Groups/FX tab.

2. Select the Group or FX channel in the list and right-
click it.

3. Select a channel configuration from the “Add Child
Bus" submenu.

The child bus you created will be available for direct rout-
ing in the mixer. It is a part of the parent Group or FX
channel, which means there will be no separate channel
strip for it.

About monitoring

By default, monitoring is done via the Control Room (see
the chapter “Control Room (Cubase only)” on page 135).
When the Control Room is disabled on the Studio tab of
the VST Connections window, the Main Mix bus (see “Set-
ting the Main Mix bus (the default output bus)” on page 17)
will be used for monitoring.

= In Cubase Studio, the Main Mix bus is always used for
monitoring.

Setting the monitoring level

When you are using the Control Room for monitoring, this
is set in the Control Room Mixer, see “The Control Room

Mixer” on page 14 1. When you are monitoring via the Main
Mix bus, you can adjust the monitoring level in the regular
Project Mixer.

External instruments/effects
(Cubase only)

Cubase supports the integration of external effect devices
and external instruments, e.g. hardware synthesizers, into
the sequencer signal flow.

You can use the External Instruments tab and the External
FX tab in the VST Connections window to define the
necessary send and return ports and access the instru-
ments/effects through the VST Instruments window.

/N External instruments and effects are indicated by an

x" icon in the list next to their names in the respec-
tive pop-up menus.

Requirements

= To use external effects, you need audio hardware with
multiple inputs and outputs. To use external instruments, a
MIDI interface must be connected to your computer.

An external effect will require at least one input and one output (or input/
output pairs for stereo effects) in addition to the input/output ports you
use for recording and monitoring.

= As always, audio hardware with low-latency drivers is a
good thing to have.

Cubase will compensate for the input/output latency and ensure that the
audio processed through external effects is not shifted in time.

Connecting the external effect/instrument

To set up an external effect or instrument, proceed as fol-
lows:

1. Connect an unused output pair on your audio hard-
ware to the input pair on your external hardware device.
In this example, we assume that the hardware device has stereo inputs
and outputs.
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2. Connect an unused input pair on your audio hardware
to the output pair on your hardware device.

/N Please note that it is possible to select input/output
ports for external effects/instruments that are already
used (i.e. that have been selected as inputs/outputs
in the VST Connections window). If you select a
used port for an external effect/instrument, the exist-
ing port assignment will be broken. Note that you will
not get a warning message!

Once the external device is connected to the audio hard-
ware of your computer, you have to set up the input/out-
put busses in Cubase.

Setting up external effects

1. Open the VST Connections window from the Devices
menu.

2. Open the External FX tab and click “Add External FX".

€ Add External FX

Send Configuration
[

Mono ~| Retum Configuration

[ Associate MIDI Device ]

3. In the dialog that appears, enter a name for the exter-
nal effect and specify the Send and Return configurations.
Depending on the type of effect, you can specify mono, stereo or surround
configurations.

* You also need a MIDI device that corresponds with the
external effect. You can then click the Associate MIDI De-
vice button to connect the two.

You can use the MIDI Device Manager to create a new MIDI device for
the effect. Note that delay compensation will only be applied for the ef-
fect when you use MIDI devices. For information about the MIDI Device
Manager and user device panels see the chapter “Using MIDI devices”
on page 314.

4. Click OK. This adds a new External FX bus.

5. Click in the Device Port column for the Send Bus
“Left” and “Right” ports and select the outputs on your au-
dio hardware.

6. Click in the Device Port column for the Return Bus
“Left” and “Right” ports and select the inputs on your au-
dio hardware.

7. If you like, make additional settings for the bus.
These are found in the columns to the right. Note that you can adjust
these while actually using the external effect — which may be easier as
you can hear the result. The following options are available:

Setting Description

Delay If your hardware effect device has an inherent delay (la-
tency), you should enter this value here, as it allows Cu-
base to compensate for that delay during playback. You
can also let the delay value be determined by the pro-
gram: Right-click in the Delay column for the effect and
select “Check User Delay”. Note that you do not have to
take the latency of the audio hardware into account — this
is handled automatically by the program.

Send Gain Allows you to adjust the level of the signal being sent to

the external effect.

Return Gain Allows you to adjust the level of the signal coming in from
the external effect.

Note however that excessive output levels from an external
effect device may cause clipping in the audio hardware.
The Return Gain setting cannot be used to compensate
for this — you have to lower the output level on the effect
device instead.

MIDI Device When you click in this column, a pop-up menu opens
where you can disconnect the effect from the associated
MIDI device, select a MIDI device, create a new device or
open the MIDI Device Manager to edit the MIDI device.
When Studio Manager 2 is installed, you may also select
an OPT editor to access your external effect.

Used Whenever you insert an external effect into an audio
track, this column shows a checkmark (“x”) to indicate

that the effect is being used.

8. When you are done, close the VST Connections win-
dow.

= Note that external device ports are exclusive, see
“Connecting the external effect/instrument” on page 20.

How to use the external effect

If you now click an insert effect slot for any channel, you
will find the new external FX bus listed on the “External
Plug-ins” submenu.

When you select it, the following happens:

= The external FX bus is loaded into the effect slot just like a
regular effect plug-in.

= The audio signal from the channel is sent to the outputs on the
audio hardware, through your external effect device and back
to the program via the inputs on the audio hardware.
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= A parameter window appears, showing the Delay, Send Gain
and Return Gain settings for the external FX bus. You can ad-
just these as necessary while playing back. The parameter
window also provides the “Measure Effect's Loop Delay for
Delay Compensation” button. This is the same function as the
“Check User Delay” option in the VST Connections window. It
provides Cubase with a Delay value to be used for delay com-
pensation. When you have defined a MIDI device for the ef-
fect, the corresponding Device window will be opened. When
Studio Manager 2 is installed, and you have set up a corre-
sponding OPT editor, this OPT editor will be displayed.

< Audio 01: Ins. 1 - External Effect

3 Measure Effect’s Loop
Delay button

Reeturn Gain

The default parameter window for an external effect

Like any effect, you can use the external FX bus as an in-
sert effect or as a send effect (an insert effect on an FX
channel track). You can deactivate or bypass the external
effect with the usual controls.

Setting up external instruments

1. Open the VST Connections window from the Devices
menu.

2. Open the External Instrument tab and click “Add Ex-
ternal Instrument”.

(‘ Add External Instrument

MName

wdernal Instrument

e E—

[ Agsociate MIDI Device ]

J

[ ok

Cancel ]

3. In the dialog that appears, enter a name for the exter-
nal instrument and specify the number of required mono
and/or stereo returns.

Depending on the type of instrument, a specific number of mono and/or
stereo return channels is required.
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* You also need a MIDI device that corresponds with the
external instrument. You can then click the Associate MIDI
Device button to connect the two.

You can use the MIDI Device Manager to create a new MIDI device. For
information about the MIDI Device Manager and user device panels, see
the chapter “Using MIDI devices” on page 314.

4. Click OK.
This adds a new external instrument bus.

5. Click in the Device Port column for the “Left” and
“Right” ports of the Return Bus and select the inputs on
your audio hardware to which you connected the external
instrument.

6. If you like, make additional settings for the bus.

These are found in the columns to the right. Note that you can adjust
these while actually using the external instrument — which may be easier
as you can hear the result. The following options are available:

Setting Description

If your hardware device has an inherent delay (latency),
you should enter this value here. This allows Cubase to
compensate for that delay during playback. Note that you
do not have to take the latency of the audio hardware into
account — this is handled automatically by the program.

Delay

Return Gain Allows you to adjust the level of the signal coming in from
the external instrument.

Note however that excessive output levels from an exter-
nal device may cause clipping in the audio hardware. The
Return Gain setting cannot be used to compensate for
this — you have to lower the output level on the device in-
stead.

MIDI Device When you click in this column, a pop-up menu opens
where you can disconnect the instrument from the asso-
ciated MIDI device, select a MIDI device, create a new
device or open the MIDI Device Manager to edit the MIDI
device.

When Studio Manager 2 is installed, you may also select

an OPT editor to access your external instrument.

Used Whenever you insert the external instrument into a VST
Instrument slot, this column shows a checkmark (“x”) to

indicate that the instrument is being used.

7. When you are done, close the VST Connections win-
dow.

= Note that external device ports are exclusive, see
“Connecting the external effect/instrument” on page 20.
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How to use the external instrument

Once you have set up the external instrument in the VST
Connections window, you can use it as a VST Instrument.
Open the VST Instruments window and click on an empty
instrument slot. On the Instrument pop-up menu, your ex-
ternal instrument is listed on the External Plug-ins submenu:

v MoW5T Instrument

(' VST Instruments

Dirumn - Groowe Agent OME ‘

External Instrument
Spnth
HéaLionOne

‘wavestation

“amaha MOTIF ES

When you select the external instrument in the VST Instru-
ments window, the following happens:

= A parameter window for the external device is opened auto-
matically. This may either be the Device window, allowing you
to create a generic device panel, an OPT editor window or a
default editor. For information about the Device window, the
MIDI Device Manager and User device panels, see the chap-
ter “Using MIDI devices” on page 314.

/N To send MIDI notes to the external instrument, open
the Output Routing pop-up menu in the Inspector for
the corresponding MIDI track and select the MIDI
device to which the external instrument is connected.
This ensures use of delay compensation. The instru-
ment will now play any MIDI notes it receives from
this track and return them to Cubase through the re-
turn channel(s) you have set up.

The external instrument will behave like any other VST In-
strument in Cubase.

About the Favorites buttons

In the VST Connections window, both the External FX tab
and the External Instruments tab feature a Favorites button.

puts I Group/F ] Extemnal Inztruments I

Favoiites l\
— = —

The Favorites button on the External FX tab

External FX l

Favorites are device configurations that you can recall at
any time, like a library of external devices that are not con-
stantly connected to your computer. They also allow you
to save different configurations for the same device, e.g. a
multi-effect board or an effect that provides both a mono
and a stereo mode.

To save a device configuration as a favorite, proceed as
follows:

* When you have added a new device in the VST Con-
nections window, select it in the Bus Name column and
click the Favorites button.

A context menu is displayed showing an option to add the selected ef-
fect or instrument to the Favorites.

= You can recall the stored configuration at any time by
clicking the Favorites button and selecting the device
name from the context menu.

About the “plug-in could not be found”
message

When you open a project that uses an external effect/in-
strument, you may get a “plug-in could not be found” mes-
sage. This will happen when you remove an external device
from the VST Connections window although it is used in a
saved project, or when transferring a project to another
computer on which the external device is not defined. You
may also see this message when opening a project cre-
ated with an earlier version of Cubase.

In the VST Connections window, the broken connection
to the external device is indicated by an icon in the Bus
Name column.

To reestablish the broken connection to the external de-
vice, simply right-click the entry for the device in the Bus
Name column and select “Connect External Effect”. The
icon is removed, and you can use the external device
within your project as before.

/N Note that busses set up for external effects or exter-
nal instruments are saved “globally”, i.e. for your par-
ticular computer setup.
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Freezing external effects/instruments

Just as when working with regular VST instruments and
effects, you can also choose to freeze external effects and
instruments. The general procedure is described in detail
in the chapters “Audio effects” on page 150 and “VST In-
struments and Instrument tracks” on page 169.

/N Note that you have to perform Freeze in realtime. Oth-
erwise external effects will not be taken into account.

When freezing external instruments or effects, you can ad-
just the corresponding tail value in the Freeze Channel

Options dialog:
<* Freeze Channel Options
m Tail Size
[y
[ Ok 1 [ Cancel ]

= Use the arrow buttons next to the Tail Size value field to
set the desired Tail length, i.e. the range after the part
boundary that should also be included for the freeze. You
can also click directly in the value field and enter the de-
sired value manually (the maximum value being 60s).

= When the Tail Size is set to 0s (default), the freezing will
only take into account the data within the Part boundaries.
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The Project window



Background

The Project window is the main window in Cubase. This

provides you with an overview of the project, allowing you
to navigate and perform large scale editing. Each project
has one Project window.

About tracks

The Project window is divided vertically into tracks, with a
timeline running horizontally from left to right. The follow-
ing track types are available:

Track type
Audio

Description

For recording and playing back audio events and audio
parts. Each audio track has a corresponding audio chan-
nel in the mixer.

An audio track can have any number of automation tracks
for automating mixer channel parameters, effect settings,
etc.

Folder Folder tracks function as containers for other tracks,
making it easier to organize and manage the track struc-
ture. They also allow you to edit several tracks at the

same time. See “Folder tracks” on page 53.

FX Channel FX channel tracks are used for adding send effects. Each
FX channel can contain up to eight effect processors — by
routing effect sends from an audio channel to an FX chan-
nel, you send audio from the audio channel to the effect(s)
on the FX channel. Each FX channel has a corresponding
channel strip in the mixer — in essence an effect return
channel. See the chapter “Audio effects” on page 150.
All FX channel tracks are automatically placed in a special
FX channel folder in the Track list, for easy management.
An FX channel can also have any number of automation
tracks for automating mixer channel parameters, effect set-
tings, etc.

Group
Channel

By routing several audio channels to a Group channel,
you can submix them, apply the same effects to them,
etc. (see “Using group channels” on page 127).

A Group channel track contains no events as such, but
displays settings and automation curves for the corre-
sponding Group channel. Each Group channel track has
a corresponding channel strip in the mixer. In the Project
window, Group channels are organized as tracks in a
special Group Tracks folder.

Instrument This allows you to create a track for a dedicated instru-
ment, making e.g. VST instrument handling easier and
more intuitive. Instrument tracks have a corresponding
channel strip in the mixer. Each instrument track can have
any number of automation tracks in the Project window.
However, Volume and Pan are automated from within the
mixer. It is possible to edit Instrument tracks directly in
the Project window, using the Edit In-Place function (see
“The In-Place Editor” on page 356). For more information
on instrument tracks, see the chapter “VST Instruments
and Instrument tracks” on page 169.

Track type

MIDI For recording and playing back MIDI parts. Each MIDI
track has a corresponding MIDI channel strip in the mixer.
It is possible to edit MIDI tracks directly in the Project
window, using the Edit In-Place function (see “The In-
Place Editor” on page 356).
A MIDI track can have any number of automation tracks
for automating mixer channel parameters, insert and send
effect settings etc.

Description

Marker The Marker track displays markers which can be moved
and renamed directly in the Project window (see “Mark-
ers” on page 54). A project can have only one marker

track.

Arranger The Arranger track is used for arranging your project, by
marking out sections in the project and determining in
which order they should be played back. See the chapter

“The Arranger track” on page 96.

Ruler
(Cubase only)

Ruler tracks contain additional rulers, displaying the time-
line from left to right. You can use any number of ruler
tracks, each with a different display format if you wish.
See “The ruler” on page 33 for more information about
the ruler and the display formats.

Signature Time signature events can be added and edited on the
signature track, or in the Tempo Track Editor window. A
project can have only one signature track. See the chap-

ter “Editing tempo and signature” on page 401 for details.

Tempo You can create tempo changes within a project using the
tempo track. A project can have only one tempo track.
See the chapter “Editing tempo and signature” on page

401 for details.

Transpose The Transpose track allows you to set global key
changes. A project can have only one transpose track.

See the chapter “The Transpose functions” on page 103.

Video For playing back video events. A project can have only

one video track.

About parts and events

The tracks in the Project window contain parts and/or
events. Events are the basic building blocks in Cubase.
Different event types are handled differently in the Project
window:

= Video events and automation events (curve points) are always
viewed and rearranged directly in the Project window.

= MIDI events can always be found in MIDI parts, which are con-
tainers for one or more MIDI events. MIDI parts are rearranged
and manipulated in the Project window. To edit the individual
MIDI events in a part, you have to open the part in a MIDI edi-
tor (see “The MIDI editors” on page 337).
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= Audio events can be displayed and edited directly in the Project
window, but you can also work with audio parts containing sev-
eral events. This is useful if you have a number of events which
you want to treat as one unit in the project. Audio parts also
contain information about the time position in the project.

An audio event and an audio part

Audio handling

When you work with audio files, it is crucial to understand
how audio is handled in Cubase:

When you edit or process audio in the Project window,
you always work with an audio clip that is automatically
created on import or during recording. This audio clip re-
fers to an audio file on the hard disk that itself remains un-
touched. This means, that audio editing and processing is
“non-destructive”, in the sense that you can always undo
changes or revert to the original versions.

An audio clip does not necessarily refer to just one origi-
nal audio file! If you apply e.g. some processing to a spe-
cific section of an audio clip, this will create a new audio
file containing only this section. The processing will then
be applied to the new audio file only, leaving the original
audio file unchanged. Finally, the audio clip is automati-
cally adjusted, so that it refers both to the original file and
to the new, processed file. During playback, the program
will switch between the original file and the processed file
at the correct positions. You will hear this as a single re-
cording, with processing applied to one section only. This
feature makes it possible to undo processing at a later
stage, and to apply different processing to different audio
clips that refer to the same original file.

An audio event is the object that you place on a time po-
sition in Cubase. If you make copies of an audio event and
move them to different positions in the project, they will
still all refer to the same audio clip. Furthermore, each au-
dio event has an Offset value and a Length value. These
determine at which positions in the clip the event will start
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and end, i.e. which section of the audio clip will be played
back by the audio event. For example, if you resize the au-
dio event, you will just change its start and/or end position
in the audio clip — the clip itself will not be affected.

An audio region is a section within a clip with a length
value, a start time, and a snap point. Audio regions are
shown in the pool and are best created and edited in the
Sample Editor.

= If you want to use one audio file in different contexts, or
if you want to create several loops from one audio file, you
should convert the corresponding regions of the audio clip
to events and bounce them into separate audio files. This is
necessary since different events that refer to the same clip
access the same clip information.
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The Track list with various track types The event display, showing audio parts and events, MIDI parts, automation, markers, etc.
The Track list = The Track list area for an automation track (opened by
The Track list displays all the tracks used in a project. It clicking the Show/Hide Automation button on a track):
contains name fields and settings for the tracks. Different
track types have different controls in the Track list. To see
all the controls you may have to resize the track in the Track ngi:dt;ff X (R | w] [volume | Czs2 )
list (see “Resizing tracks in the Track list” on page 35). EGS]

| I
* The Track list area for an audio track: Mute = Lock track  Automation parameter
(click to select parameter)

Automation Read/Write

+

Automation Read/Write  Edit channel settings i
= The Track list area for a MIDI track:

Mute &  Track Record Enable & Freeze Audio
Solo name Monitor Tfack Record Enable &  Edit channel  Edit Effect sends/in-
Monitor settings In-Place  sert effects
1 [m]s] Audio Track ® (R w] E Tralcll< indicators and
1| stereo -2[: © activity Mute &  Track Automation bypass
indicator Solo name Read/Write
Shtow/ht|lde _l:_/_luswéiI/Llnear Lock track %_an: Display 1 (mis) Mml i 510 E@'©-- Z:}at\ic\:lli(t
automation Ime base yp -E]- 14 B+ Microsoft G5 ‘Wavetable S5Y indica}t/or
Indicates whether effect sends, EQ or insert effects are activated for S50
the track. Click to bypass. J 7 |
Bank Patch MIDI channel MIDI
Output

Drum map, Lock track and Lane display type
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The Inspector

The area to the left of the Track list is called the Inspector.
This shows additional controls and parameters for the track
you have selected in the Track list. If several tracks are se-
lected (see “Handling tracks” on page 38), the Inspector
shows the setting for the first (topmost) selected track.

To hide or show the Inspector, click the Inspector icon in
the toolbar.

:

M Show Inspector

The Inspector icon

= For most track classes, the Inspector is divided into a
number of sections, each containing different controls for
the track. You can hide or show sections by clicking on
their names.

Clicking the name for a hidden section brings it into view and hides the
other sections. [Ctrl]/[Command]-clicking the section name allows you
to hide or show a section without affecting the other sections. [Alt]/[Op-
tion]-clicking a section name shows or hides all sections in the Inspector.

Arpache §

* You can also use key commands to show different In-
spector sections.

These are set up in the Key Commands dialog, see “Setting up key com-
mands” on page 480.

= Hiding a section does not affect its functionality.

For example, if you have set up a track parameter or activated an effect,
your settings will still be active even if you hide the respective Inspector
section.

Which sections are available in the Inspector depends on
the selected track.

= Please note that not all Inspector tabs are shown by
default. You can show/hide Inspector sections by right-
clicking on an Inspector tab and activating/deactivating
the desired option(s).

Make sure you right-click on an inspector tab and not on the empty area
below the Inspector, as this will open the Quick context menu instead.

Audio Inserts

Audio Equalizers
Audio Equalizer Curve
Audio Sends

Audio Studio Sends
Audio Sunound Pan
Audio Channel Fader

Audio Notepad
Audio User Panel
Quick Controls

Shaw All
Default

The Inspector Setup context menu

Inspector sections

The Inspector contains the controls that can be found on
the Track list, plus some additional buttons and parame-
ters. In the table below, these additional settings and the
different sections are listed. Which sections are available
for which track type is described in the following sections.

Parameter Description

Auto Fades Opens a dialog in which you can make separate Auto

Settings Fade settings for the audio track. See “Making Auto Fade

button settings for a separate track” on page 95.

Edit Channel Opens the Channel Settings window for the track, allow-

settings ing you to view and adjust effect and EQ settings, etc.
See “Using Channel Settings” on page 122.

Volume Use this to adjust the level for the track. Changing this
setting will move the track’s fader in the mixer window,
and vice versa. See “Setting volume in the mixer” on page
117 to learn more about setting levels.

Pan Use this to adjust the panning of the track. As with the
Volume setting, this corresponds to the Pan setting in the
mixer.

Delay This adjusts the playback timing of the audio track. Posi-

tive values delay the playback while negative values
cause the track to play earlier. The values are set in milli-
seconds.

Input Routing  This lets you specify which Input bus or MIDI input the
track should use (see “Setting up busses” on page 14 for

information about Input busses).
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Parameter Description
Output Here you decide to which output the track should be
Routing routed. For audio tracks you select an output bus (see

“Setting up busses” on page 14) or Group channel, for
MIDI tracks you select a MIDI output and for Instrument
tracks, you select the Instrument to which it is routed.

Inserts section  Allows you to add insert effects to the track, see the
chapters “Audio effects” on page 150 and “MIDI realtime
parameters and effects” on page 305. The Edit button at
the top of the section opens the control panels for the

added insert effects.

Equalizers Lets you adjust the EQs for the track. You can have up to

section four bands of EQ for each track, see “Making EQ set-
tings” on page 123. The Edit button at the top of the sec-
tion opens the Channel Settings window for the track.

Equalizer Lets you adjust the EQs for the track graphically, by click-

Curve section  ing and dragging points in a curve display.

Sends section  Allows you to route an audio track to one or several FX
channels (up to eight), see the chapter “Audio effects” on
page 150. For MIDI tracks, this is where you assign MIDI
send effects. The Edit button at the top of the section

opens the control panel for the first effect in each FX

channel.
Studio Sends  The Studio Sends are used to route cue mixes to Control
(Cubase only) Room Studios. For a detailed description of Studios and

Studio Sends, see the chapter “Control Room (Cubase
only)” on page 135.

Surround Pan  When the SurroundPanner is used for a track, this is also

(Cubase only) available in the Inspector. For further information, see
“Using the SurroundPanner” on page 184.

Channel Shows a duplicate of the corresponding mixer channel

section strip. The channel overview strip to the left lets you acti-
vate and deactivate insert effects, EQs and sends.

Notepad This is a standard text notepad, allowing you to jot down

section notes about the track.
If you have entered any notes about a track, the icon next
to the “Notepad” heading will light up to indicate this.
Moving the pointer over the icon will display the Notepad
text in a tooltip.

User Panel Here you can display device panels, e.g. for external MIDI

(Cubase only)  devices, audio track panels or VST insert effect panels.

For information on how to create or import MIDI device
and user panels, see the separate PDF document “MIDI
Devices".

Quick Controls Here you can configure quick controls, e.g. to use remote
devices. See the chapter “Track Quick Controls” on
page 295.

Audio tracks

For audio tracks, all settings and sections listed above are
available.

Instrument tracks

As explained in the chapter “VST Instruments and Instru-
ment tracks” on page 169, the Inspector for an Instrument
track shows some of the sections you would find for VST
Instrument channels and MIDI tracks.

MIDI tracks

When a MIDI track is selected, the Inspector contains a
number of additional sections and parameters, affecting the
MIDI events in realtime (e.g. on playback). Which sections
are available for MIDI tracks is described in the chapter
“MIDI realtime parameters and effects” on page 305.

Arranger track

For the Arranger track, the Inspector displays the lists of
available Arranger chains and Arranger events. See “The
Arranger track” on page 96 for details.

Folder tracks

When a folder track is selected, the Inspector shows the
folder and its underlying tracks, much like a folder struc-
ture in the Windows Explorer or Mac OS X Finder.

= You can click one of the tracks shown under the folder
in the Inspector to have the Inspector show the settings
for that track. This way, you don’t have to “open” a folder
track to make settings for tracks within it.

FX channel tracks

When an FX channel track is selected, the following con-
trols and sections are available:

= Edit button

* Volume control

* Pan control

= Output Routing pop-up menu

* Inserts section

= Equalizers section

= Equalizer Curve section

= Sends section

* Studio Sends section (Cubase only)
= Surround Pan section (Cubase only)
= Channel section

= Notepad section
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FX channel tracks are automatically placed in a special
folder, for easier management. When this folder track is
selected, the Inspector shows the folder and the FX chan-
nels it contains. You can click one of the FX channels
shown in the folder to have the Inspector show the set-
tings for that FX channel — this way you don't have to
“open” a folder track to access the settings for the FX
channels in it.

Group channel tracks

When a Group channel track is selected, the following
controls and sections are available:

= Edit button

* Volume control

= Pan control

= Output Routing pop-up menu

* Inserts section

= Equalizers section

= Equalizer Curve section

= Sends section

» Studio Sends section (Cubase only)
* Surround Pan section (Cubase only)
= Channel section

* Notepad section

Just like FX channel tracks, all Group channel tracks are
placed in a separate folder — when this is selected, the In-
spector shows the folder and the Group channels it con-
tains. You can click one of the Group channels shown in
the folder to have the Inspector show the settings for that
Group channel — this way, you don't have to “open” a folder
track to access the settings for the Group channels in it.

Marker tracks

When the marker track is selected, the Inspector shows
the marker list. For more information, see the section
“Markers” on page 54.

Ruler tracks (Cubase only)

For ruler tracks, the Inspector isn't used.
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Transpose track

When the transpose track is selected, the following con-
trols and sections are available:

= Mute button

= Keep Transpose in Octave range
= Toggle Timebase button

= Lock button

= Notepad section

The Transpose track controls are described in detail in the
chapter “The Transpose functions” on page 103.

Signature track and tempo track

For the signature track and the tempo track, the Inspector
displays a list of all time signature events or tempo events.
See the chapter “Editing tempo and signature” on page
401 for details.

Video tracks

When a video track is selected, the Inspector contains a
lock button for locking the track (see “Locking events” on
page 48), a Mute button for interrupting video playback
and two settings for how the video thumbnails are shown:
Show Frame Numbers and Snap Thumbnails (see “Play-
ing back a video file” on page 447).

Video tracks make use of the Notepad Inspector tab.

The toolbar

The toolbar contains tools and shortcuts for opening other
windows and various project settings and functions:
Constrain delay compensation

Show/hide
Info line

Show/hide
Overview

Open
Mixer

) Touch

Active project  Show/hide Open Automation mode
indicator Inspector Pool
Project window tools
20> e jih

Transport controls
(Previous/Next Marker, Cycle, Stop, Play, and Record)
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Project Root  Snap Girid pop-up Snap to Zero
Key on/off menu Crossing

-l c ] H Hf er
Autoscrolland Suspend ~ Snap Quantize Color pop-up
Autoscroll when Editing  mode value menu

= In addition to these, the toolbar can contain a number
of other tools and shortcuts, not visible by default. How to
set up the toolbar and specify which tools should be dis-
played or hidden is described in the section “Using the
Setup options” on page 471.

The info line

The info line shows information about the currently se-
lected event or part in the Project window. You can edit al-
most all values on the info line using regular value editing.
Length and position values are displayed in the format cur-
rently selected for the ruler (see “The ruler” on page 33).

= To hide or show the info line, click the Show Event Info
Line button on the toolbar.

The following elements can be selected for display and
editing on the info line:

= Audio events

* Audio parts

= MIDI parts

= Video events

= Markers

= Automation curve points
= Transpose events

= Arranger events

When several elements are selected

= If you have several elements selected, the info line will
show information about the first item in the selection. The
values will be shown in yellow to indicate that several ele-
ments are selected.
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= If you edit a value on the info line, the value change is
applied to all selected elements, relatively to the current
values.

If you have two audio events selected and the first is one bar long and
the other two bars long, the info line shows the length of the first event
(one bar). If you now edit this value to 3 bars in the info line, the other
event will be resized by the same amount — and will thus be 4 bars long.

= If you press [Cirl]]/[Command] and edit on the info line,
the values will be absolute instead. In our example above,
both events would be resized to 3 bars. Note that [Ctrl]/
[Command] is the default modifier key for this — you can
change this in the Preferences (Editing—Tool Modifiers
page, under the Info Line category).

Editing Transpose and Velocity for MIDI parts

When one or several MIDI parts are selected, the info line
contains Transpose and Velocity fields.

= Adjusting the Transpose field transposes the selected
parts in semitone steps.

Note that this transposition doesn't change the actual notes in the part —
it's just a “play parameter”, affecting the notes on playback. The transpo-
sition you specify for a part on the info line is added to the transposition
set for the whole track. For more information on transposing, see the
chapter “The Transpose functions” on page 103.

= Adjusting the Velocity field shifts the velocity for the se-
lected parts — the value you specify is added to the veloci-
ties of the notes in the parts.

Again, this velocity shift only affects the notes on playback, and again,
the value you specify is added to the Vel.Shift. value set for the whole
MIDI track in the Inspector.

Getting on-the-fly info with the Arrow tool

If the option “Select Tool: Show Extra Info" is activated in
the Preferences (Editing—Tools page), a tooltip will be
shown for the Arrow tool, displaying information depending
on where you point it. For example, in the Project window
event display, the tool will show the current pointer position
and the name of the track and event you're pointing at.

The Project window



The ruler

Ere——

The ruler at the top of the event display shows the time-
line. Initially, the Project window ruler uses the display for-
mat specified in the Project Setup dialog (see “The
Project Setup dialog” on page 34), as do all other rulers
and position displays in the project. However, you can se-
lect an independent display format for the ruler by clicking
the arrow button to the right of it and selecting an option
from the pop-up menu (you can also bring up this pop-up
menu by right-clicking anywhere in the ruler).

Option Positions and lengths displayed as

Bars+Beats Bars, beats, sixteenth notes and ticks. By default there
are 120 ticks per sixteenth note but you can adjust this
with the “MIDI Display Resolution” setting in the Prefer-

ences (MIDI page).

Seconds Hours, minutes, seconds and milliseconds.

Timecode This format displays hours, minutes, seconds and frames.
The number of frames per second (fps) is set in the Project
Setup dialog (see “The Project Setup dialog” on page 34).
You can choose between 24, 25, 29.97 and 30fps or

29.97 and 30dfps (“drop frame”).

Samples Samples.

User Hours, minutes, seconds and frames, with a user defin-
able number of frames per second. You set the desired

number of fps in the Preferences (Transport page).

Time Linear When this is selected, the ruler will be linear relative to
time. This means that if there are tempo changes on the
tempo track, the distance between the bars will vary in

Bars+Beats mode.

Bars+Beats
Linear

When this is selected, the ruler will be linear relative to
the meter position — bars and beats. This means that if
there are tempo changes on the tempo track, there still
will be the same distance between bars in Bars+Beats
mode. If the ruler is set to a time-based mode, the dis-
tance between seconds will vary depending on the
tempo changes.

= The selection you make here affects the ruler, the info
line and tooltip position values (which appear when you
drag an event in the Project window).

You can also select independent formats for other rulers and position
displays.

= To set the display format globally (for all windows), use
the primary display format pop-up on the Transport panel,
or hold down [Ctrl[/[[Command] and select a display for-
mat in any ruler.
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= If you use the “Timecode” or “User” options and the op-
tion “Show Timecode Subframes” is activated in the Pre-
ferences (Transport page), the frames will also display
subframes.

There are 80 subframes per frame.

Using multiple rulers - ruler tracks (Cubase only)

As described above, the Cubase Project window contains
a main ruler at the top of the event display, displaying the
timeline from left to right.

If needed, you can have several rulers in the Project win-
dow, by adding ruler tracks to the project. Each ruler track
contains an additional ruler.

* To add aruler track, select “Add Track” from the Project
menu and from the submenu that appears, select “Ruler”.
A ruler track showing an additional ruler is added to the Track list.

sl seconds
il -

° I
Strings

A ruler track set to the display format “Seconds”

You can add any number of ruler tracks to a project, and
position them as needed by dragging them up or down in
the Track list. Each of the rulers can show a separate dis-
play format:

= To select a display format for a ruler track, click on its
name in the Track list and select an option from the pop-
up menu.

|l Seconds

v Seconds
Timecode
Samples
B0 fps (Uzer]

Note that ruler tracks are completely independent from the
main event display ruler, as well as rulers and position dis-
plays in other windows. This means that:

= Each ruler track in a project can have its own display format.

= Ruler tracks are not affected by the display format setting in
the Project Setup dialog (see “The Project Setup dialog” on
page 34).

* Ruler tracks are not affected if you set the display format glo-
bally with the primary time display in the Transport panel.

= Ruler tracks are affected by the option “Show Time-
code Subframes” in the Preferences (Transport page, see
above).
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Operations

Creating a new project
You create a new project in the following way:

1. Select “New Project” from the File menu.

A dialog appears, listing a number of project templates, including any
custom templates you may have created (see “Save as Template” on
page 457).

2. Select a template (or “Empty”) and click OK.
A file dialog appears, allowing you to specify a location for the project
folder. This will contain all files related to the project.

3. Select an existing folder or create a new one. Then
click OK.

A Project window opens. If you selected a template, the new project will
be based on this template, and include the corresponding tracks, events
and settings.

The Project Setup dialog

General settings for the project are made in the Project
Setup dialog. This is opened by selecting “Project
Setup...” from the Project menu.

= If the “Run Setup on Create New Project” option is ac-
tivated in the Preferences dialog (General page), the Pro-

ject Setup dialog will open automatically when you create a
new project.
(‘ Project Setup ‘

Frame Rate ‘

Display Format

m Display Dffset

Sample Rate

Record Format
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The following settings are available in the Project Setup
dialog:

Setting Description

Start The start time of the project. Allows you to have the
project start at another time than zero. Also used for set-
ting the sync start position when synchronizing Cubase
to external devices (see “Setting up Cubase for external
sync to timecode” on page 433). When you change this
setting you will be asked whether you want to keep the
project content at its timecode positions. “Yes" means
that all events will stay at their original timecode positions
— i.e. they will be moved in relation to the start of the
project. “No” means that all events keep their position rel-
ative to the project start.

Length The length of the project.

Frame Rate Used when synchronizing Cubase with external equip-
ment. If Cubase is slave, this value is automatically set to
the frame rate of the incoming sync signal. If Cubase is
the master, this determines the frame rate of the sent

sync signal. See “Setting the Frame Rate” on page 430.

Display Format This is the global display format used for all rulers and
position displays in the program, except ruler tracks (Cu-
base only, see “Ruler tracks (Cubase only)” on page 31).
However, you can make independent display format se-
lections for the individual rulers and displays if you like.
For descriptions of the different display format options,
see “The ruler” on page 33.

Display Offset  Offsets the time positions displayed in the ruler etc., al-
lowing you to compensate for the Start position setting.
Typically, if you synchronize Cubase to an external source
starting at a frame other than zero, you set the Start posi-
tion to this value. However, if you still want the display in

Cubase to start at zero, set the Display Offset to the

same value.

Bar Offset This works just like “Display Offset” described above, in
that it offsets the time positions in the ruler by a number
of bars, allowing you to compensate for the Start position
setting. The difference is that Bar Offset is only used
when the “Bars+Beats” display format is selected (see
“The ruler” on page 33).

Sample Rate  The sample rate at which Cubase records and plays audio.

Record When you record audio in Cubase, the files that are cre-

Format/ ated will be of this resolution and file type. See “Selecting

File Type a recording file format” on page 69.

Stereo Pan Decides whether panning should use power compensa-

Law tion or not (see “About the “Stereo Pan Law” setting (au-

dio channels only)” on page 121).

/N While most Project Setup settings can be changed at
any time, you must select a sample rate once and for
all when starting with a new project! All audio files
must be of this sample rate to play back correctly.
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Zoom and view options

Zooming in the Project window is done according to the
standard zoom techniques, with the following special
notes:

= When you are using the Zoom tool (magnifying glass),
the result depends on the option “Zoom Tool Standard
Mode: Horizontal Zooming Only” in the Preferences (Edit-
ing—Tools page).

If this is activated and you drag a selection rectangle with the Zoom tool,
the window will only be zoomed horizontally (track height will not change).
If the option is off, the window will be zoomed both horizontally and verti-
cally.

* When using the vertical zoom sliders, the tracks are
scaled relatively.

In other words, if you have made any individual track height adjustments
(see below), the relative height differences are maintained.

You find the following options are available on the Zoom
submenu on the Edit menu:

Option Description

Zoom In Zooms in one step, centering on the project cursor.

Zoom Out Zooms out one step, centering on the project cursor.

Zoom Full Zooms out so that the whole project is visible. “The
whole project” means the timeline from the project
start to the length set in the Project Setup dialog (see
above).

Zoom to Zooms in horizontally and vertically so that the current

Selection selection fills the screen.

Zoom to Selec-
tion (Horiz)

Zooms in horizontally so that the current selection fills
the screen.

This option is available only in the Sample Editor (see
“Zooming” on page 224).

Zoom to Event

Zoom In Vertically Zooms in one step vertically.

Zoom Out
Vertically

Zooms out one step vertically.

Zoom In Tracks Zooms in on the selected track(s) one step vertically.

Zoom Out Tracks Zooms out the selected track(s) one step vertically.

Zoom Selected This zooms in vertically on the selected track(s) and

Tracks minimizes the height of all other tracks.
Undo/Redo These options allow you to undo/redo the last zoom
Zoom operation.

= If the option “Zoom while Locating in Time Scale” is ac-
tivated in the Preferences (Transport page), you can also
zoom by clicking in the main ruler and dragging up or down
with the mouse button pressed.

Drag up to zoom out; drag down to zoom in.
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= You can zoom the contents of parts and events verti-
cally, using the waveform zoom slider in the top right cor-
ner of the event display.

This is useful when viewing quiet audio passages.

/N To get an approximate reading on the level of the au-
dio events by viewing the waveforms, make sure this
slider is all the way down. Otherwise, zoomed wave-
forms may be mistaken for clipped audio.

= If you activate the option Quick Zoom in the Preferences
(Editing page), the contents of parts and events will not be
continuously redrawn when you zoom manually.

Instead, the contents are redrawn once you have stopped changing the
zoom - activate this if screen redraws are slow on your system.

Resizing tracks in the Track list

* You can change the height of an individual track by click-
ing on its lower border in the Track list and dragging up or
down.

To change the height of all tracks simultaneously, hold down [Ctrl]/
[Command] and resize one of the tracks in this way. If “Snap Track
Heights" is activated on the Track scale pop-up (see below), the track
height will change in fixed increments when you resize it.

/N This behavior is different when “Enlarge Selected
Track” is activated on the Edit menu (see below).

* You can also change the width of the Track list area, by
dragging the border between the Track list and the event
display.

= By default, the controls shown for tracks in the Track list
will adapt to the track size. This means that when resizing
a track’s height or width the controls will be placed where
they best “fit in".

If you prefer to have the controls in fixed positions, you can deactivate the
option “Wrap Controls” in the Track Controls settings dialog (see “Cus-
tomizing track controls” on page 472).

* You can decide for each track type which controls
should be shown in the Track list — see “Customizing
track controls” on page 472.
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* You can use the Track scale pop-up (opened by clicking
the arrow button above the vertical zoom control) to set the
number of tracks to view in the current Project window.

The track height will be adjusted to show only the number of tracks spec-
ified on the pop-up menu. By selecting “Zoom N Tracks” from the pop-

up you can manually set the number of tracks to fit in the current Project
window.

Zoom Tracks 1 FRow

Zoom Tracks 2 Rows

Zoom Tracks 3 Rows

Zoom Tracks 4 Rows

Zoom Tracks N Rows
Zoom Tracks Full
Zoom 4 Tracks
Zoom & Tracks
Zoom M Tracks
Zoom Tracks Minimal

Snap Track Heights

= Tracks can also be divided vertically in lanes — see “Ed-
iting in Lane Display mode” on page 50.

The Enlarge Selected Track option

When this option is activated on the Edit menu (or in the
Preferences, Editing—Project & Mixer page), the selected
track is enlarged automatically. This is useful if you are
stepping through the tracks in the Track list, to check or
edit the settings. The tracks will revert to the size they had
before when they are deselected. You can adjust the size
directly in the Track list if the default enlargement factor
does not suit you.

While this is the program behavior you will want in most
cases, it may be a disadvantage when changing the track
height you started out with for one or more tracks (i.e. their
“original” height, before “Enlarge Selected Track” was ac-
tivated). As soon as you try to resize a track, it is selected
and automatically enlarged. Instead of turning off “Enlarge
Selected Track”, resizing the desired track(s) and the acti-
vating “Enlarge Selected Track” again, you can resize a
track in the Track list without selecting it.

Proceed as follows:

1. Move the mouse pointer over the lower border of the
(unselected) track you want to resize.
The mouse pointer turns into a divider symbol.
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2. Hold down [Alt)/[Option] and drag the lower border of
the track until it reaches the desired height.

Now, when you select this track, (and “Enlarge Selected Track” is acti-
vated), it will be enlarged. It will revert to the changed size, when you se-
lect a different track.

Zoom presets and Cycle markers

The pop-up menu to the left of the horizontal zoom control
allows you to select, create and organize zoom presets.
These are useful if you want to toggle between different
zoom settings (e.g. one where the whole project is dis-
played in the project window and another with a high
zoom factor for detailed editing). With this pop-up menu,
you can also zoom in on the area between cycle markers
in the project.

[HN |
Zoorn Full
Zoom to Locatars

~E minutes
e 1 minute
m ~30 seconds
il il ~10 seconds
Click here... o ~3seconds
JE— 1 second
~200 ms
30 ms
~10ms
PR “Bms
~1ms
...to open the context menu. ——
Add
_|T| Organize

The upper part of the menu lists the zoom presets:

= To store the current zoom setting as a preset, select
Add from the pop-up menu.
A dialog appears, allowing you to type in a name for the preset.

= To select and apply a preset, select it from the pop-up
menu.

= The “Zoom Full" preset is always available. Selecting
this option zooms out so that the whole project is visible.
“The whole project” means the timeline from the project
start to the length set in the Project Setup dialog (see
“The Project Setup dialog” on page 34).

= If you want to delete a preset, select “Organize...” from
the pop-up menu.

In the dialog that appears, select the preset in the list and click the De-
lete button. The preset is removed from the list.
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= If you want to rename a preset, select “Organize..."
from the pop-up menu.

In the dialog that appears, select the desired preset in the list and click
the Rename button. A second dialog opens, allowing you to type in a
new name for the preset. Click OK to close the dialogs.

/N Zoom presets are global for all projects, i.e. they are
available in all projects you open or create.

The middle part of the pop-up lists any cycle markers you
have added in the project:

= If you select a cycle marker from this menu, the event
display is zoomed in to encompass the marker area (see
“Markers” on page 54).

= You cannot edit the cycle markers in this pop-up menu.
For information on editing markers, see “Editing markers in
the Marker window” on page 54.

/N Only the cycle markers you create in the current
project are available on the menu.

The Zoom history

Cubase maintains a history of recent zoom stages, allow-
ing you to undo and redo zoom operations. This way you
can zoom in several steps and then easily go back to the
zoom stage at which you started.

There are two ways to invoke Undo Zoom and Redo Zoom:

= Use the items on the Zoom submenu on the Edit menu.
You can also assign key commands for these.

= Double-click with the Zoom tool (magnifying glass) to
Undo Zoom.
Press [Alt]/[Option] and double-click to Redo Zoom.

Adjusting how parts and events are shown

The Preferences on the File menu (the Cubase menu, un-
der Mac OS X) contains several settings for customizing
the display in the Project window.

The Event Display page contains common settings for all
track types:

Option Description

Colorize Determines whether the backgrounds or “contents”
Event Back-  (waveforms, etc.) of parts and events will be colorized.
ground See “Handling tracks” on page 38.

Show Event  Determines whether the names of parts and events should
Names be shown in the Project window.
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Option Description

Transparent ~ When this is activated, events and parts will be transpar-
Events ent, showing the waveforms and MIDI events only.

Show Data If this is activated, the contents of events and parts will be
on Small shown, even if the height of a track is very small.

Track Heights

The Event Display—Audio page contains settings for audio
events:

Option Description

If the option is deactivated, single sample values are
drawn as “steps”. If the option is activated they are inter-
polated to form “curves”.

Interpolate
Audio Images

Determines whether audio waveforms should be dis-
played as solid images, frames or “inverted” images
(solid+frame). This selection affects all waveform images
in the Project window, Sample Editor and Audio Part Ed-
itor.

Note that the “Framed” and “Solid and Framed” styles
are more demanding for the compuiter. If the system feels
slower in these modes, please switch back to “Solid”
wave image style.

Wave Image
Style

If this is activated the “volume curves” created with the
volume and fade handles are always shown - if not, the
curves are only shown for selected events.

Show Event
Volume Curves
Always

Fade Handles
always on top

When this option is activated, the fade handles stay at
the top of the event, and vertical help lines indicate the
exact end or start points of fades.

Thick Fade If this option is activated, the fade lines and volume
Lines curves are thicker, increasing their visibility.

Show Determines whether audio waveforms should be shown
Waveforms at all.

Background When this is activated, the backgrounds of audio wave-
Color forms are displayed in a different way, reflecting the wave-
Modulation form dynamics. This is especially useful to get an overview

when working with small track heights.

The Event Display—MIDI page contains settings for MIDI
parts:

Option Description
Default Edit Determines which editor should be opened when you
Action double-click a MIDI part or select it and press [Ctrl])/

[Command]-[E]: the Key, List, In-Place, Drum or Score
Editor. Note that this setting is overridden for tracks with
drum maps if the option “Edit as Drums when Drum Map
is assigned” (see below) is activated.

Part Data Mode Determines if and how events in MIDI parts should be
shown in the Project window: as score notes, as drum
notes or as lines. If “No Data” is selected, events will not
be shown at all. Note that this setting is overridden for
tracks with drum maps if the option “Edit as Drums when

Drum Map is assigned” (see below) is activated.
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Option Description
Show Governs whether non-note events (controllers, etc.)
Controllers should be shown in MIDI parts in the Project window.

Edit as Drums
when Drum Map

If this is activated, parts on MIDI tracks with drum maps
assigned will be shown with drum note symbols in the

is assigned Project window. Also, the parts will automatically open in
the Drum Editor when double-clicked (overriding the De-
fault Edit Action setting above).

Note Name Determines how MIDI note names (pitches) should be

Style displayed in editors, etc.

The Event Display—Video page contains settings for video
events:

Option Description

Show Video When this is activated, thumbnail frames of the video
Thumbnails contents are shown on the Video track.

Video Cache  This determines how much memory is available for video
Size thumbnails. If you have long video clips and/or work with

a large zoom factor (so that a lot of frames are shown in
the thumbnails), you may have to raise this value.

Zooming and navigating in the overview line

By clicking the Show Overview button on the toolbar, an
extra pane appears under the toolbar; the project overview
line.

[o =&lt8 1
Show Overview button

In the overview line, events and parts on all tracks are dis-
played as boxes. You can use the overview line to zoom in

or out, and for navigating to other sections of the project.

This is done by moving and resizing the track view rectan-
gle in the overview line:

The track view rectangle

= The track view rectangle indicates the section of the
project currently displayed in the event display.

= You zoom in or out horizontally by resizing the rectangle.
Resize it by dragging the edges of the rectangle.

==
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* You can drag the track view rectangle to view other
sections of the project.

This can also be done by clicking anywhere in the upper part of the over-
view - the track view rectangle will be moved to where you clicked. The
number of tracks shown will not change.

Handling tracks

To add a track to the project, select “Add Track” from the
Project menu and select a track type from the submenu
that appears. The new track is added below the currently
selected track in the Track list.

= The items on the “Add Track” submenu are also avail-
able on the context menu.
This is accessed by right-clicking in the Track list.

Jem
P Add dudio Track
W Add Instrument Track
T AddMID| Track

Select Al Evants
Duplicate Tracks
Fiemove Selected Tracks
Tiack Controls Settings...

v}. h X VA { I w}.
PR
AR

SimpleFunkBeat)

£5 Add Aranger Track

Show Automation 4
Show Used Automation [Selected Tracks] (25 Add Folder Track
Shiows All Used Automation

Hide &ll Automation

Create Track Preset..

Apply Track Preset

P Add Group Channel Track
I7 Add Marker Track

[ Add Ruler Track

-= Add Signature Track

K 4dd Tempo Track
IL Add Transpase Track
T Add video Track.

Brawise Sounds...

= If you select Audio, MIDI, Group Channel or Instrument
from the Add Track submenu, a dialog opens, allowing
you to insert several tracks in one go.

Just enter the desired number of tracks in the value field.

= For audio and group channel tracks, the channel config-
uration — mono, stereo or a surround configuration (Cu-
base only) — can be set in the Configuration pop-up.

= The Browse Sounds option in the Add Track dialog is
described in the chapter “Working with Track Presets” on
page 288.

= In the Preferences (Editing—Project & Mixer page), you
can find the option “Auto Track Color Mode”.

This offers you several options for automatically assigning colors to
tracks that are added to the project.
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Once you have created tracks, you can manipulate and re-
arrange them in various ways:

= To rename a track, double-click in the name field and
type in a new name.

If you hold down any modifier key when pressing [Return] to close the
name field, all events on the track will get the name you entered.

* To select a track, click on it in the Track list.
A selected track is indicated by a light gray color in the Track list.

Audio 01

This track is selected.

It is possible to select several tracks by pressing [Ctrl]/[Command] and
clicking on them. [Shift]-click to select a continuous range of tracks.

= To move a track, click and drag it up or down in the list.

= To duplicate a track, complete with all contents and
channel settings, right-click in the Track list and select
“Duplicate tracks” from the context menu, or select “Dupli-
cate tracks” from the Project menu.

The duplicated track will appear below the original track.

* You can select a default color for a track by activating
“Show Track Colors” above the Track list and selecting a
color from the Color pop-up menu on the toolbar. This
color will be used for all events on the track and will also be
shown in the Mixer. You can override the default track color
for individual events and parts by using the Color tool or
the Color Selector pop-up menu. For more information,
see “Applying track and event colors” on page 475.

The option “Colorize Event Background” in the Preferences dialog (Event
Display page) determines whether the backgrounds or waveforms of
events will be colorized.

= To remove a track, right-click on it in the Track list and
select “Remove Selected Tracks” from the context menu.
You can also remove multiple selected tracks, by selecting “Remove Se-
lected Tracks” either from the context menu or from the Project menu.
Furthermore, you can remove all tracks not containing any events by se-
lecting “Remove Empty Tracks” from the Project menu.

= To change the track height of an individual track, click
on its lower border in the Track list and drag up or down,
see “Resizing tracks in the Track list” on page 35.
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= Note that you can also automatically enlarge the se-
lected track, see “The Enlarge Selected Track option” on
page 36.

Disabling audio tracks

Audio tracks can be disabled by selecting “Disable Track”
from the Track list context menu. Disabling a track is simi-
lar to muting it (see “Muting events” on page 49), since a
disabled track will not be played back. However, disabling
a track not only “zeroes” the output volume from the track,
but actually shuts down all disk activity for it. See “About

track disable/enable” on page 63 for more information.

Track folding

On the Project menu you will find the Track Folding sub-
menu, allowing you to quickly show, hide or invert what is
displayed in the Project window event display. This en-
ables you for example to divide the project into several
parts (by creating several folder tracks for the different
project elements) and showing/hiding their contents by
selecting a menu function (or using a key command). You
can also fold in automation tracks this way. The following
options are available:

= Toggle Selected Track

When you select this menu option, the fold state of the selected track is
reversed, i.e. if the track was folded in (its elements (subtracks) were hid-
den), it is now unfolded (all subtracks displayed) and vice versa.

= Fold Tracks

Select this menu option to fold in all open folder tracks in the Project win-
dow. Please note that the exact behavior of this function depends on the
“Deep Track Folding” setting in the Preferences, see below.

= Unfold Tracks

Select this menu option to unfold all folder tracks in the Project window.
Please note that the exact behavior of this function depends on the
“Deep Track Folding” setting in the Preferences, see below.

* Flip Fold States

Select this menu option to flip the fold states of the tracks in the Project
window. This means that all tracks that were folded in will be unfolded
and all unfolded tracks will be folded in, respectively.

= You can assign key commands for these menu options
in the Key Commands dialog (Project category).
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In the Preferences (Editing—Project & Mixer page), you can
find the following option affecting the track folding behavior:

= Deep Track Folding

When this is activated, any folding settings you make in the Track Fold-
ing submenu of the Project menu also affect the sub-elements of the
tracks, i.e. if you fold in a folder track which contains 10 audio tracks 5 of
which have several automation tracks open, all these audio tracks within
the folder track will be folded in as well.

Dividing the Track list (Cubase only)

It is possible to divide the Track list into two parts. Both
sections will have independent zoom and scroll controls (if
needed), but resizing the window vertically will affect the
lower section only (if possible). This is useful if you're
working with a video track along with multi-track audio for
example. This way, you can place the video track in the
upper Track list, letting you scroll the audio tracks sepa-
rately in the lower Track list, referencing them against the
video track.

* To divide the Track list, click the “Divide Track List”" but-
ton in the top right corner of the Track list.
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= To revert to a single Track list, click the button again.

When the Track list is divided into two parts, the following
applies:

= If you add tracks from the Add Track submenu of the
Project menu, Video tracks, Marker tracks and Arranger
tracks will automatically be placed in the upper part of the
Track list.

If the Track list already contains tracks of the type Video, Marker or Arran-
ger, these will automatically be moved to the upper part when you divide
the Track list. All other types of tracks will be placed in the lower part.

= If you add tracks from the context menu invoked by
right-clicking in the Track list, tracks will be added to the
part of the Track list in which you click.

= You can move any type of track from the lower Track list
to the upper and vice versa by right-clicking it in the Track
list and selecting “Toggle Track List” from the context menu.

40

* You can resize the upper part by clicking and dragging
the divider between the Track list sections.

[F | (3P| [Ld ]
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Switching between musical and linear time base
Tracks can be either musical (tempo) or linear (time) based.

= On atrack using linear time base, the events will be po-
sitioned on specific time positions — changing the play-
back tempo will not affect the time position of events.

= On a track using musical time base, the positions of
events are represented as meter values (bars, beats, 1/16th
notes and ticks, with 120 ticks per 1/16th note). If you
change the playback tempo, the events will play back at an
earlier or later time.

= In the Preferences (Editing page), you can find the op-
tion “Default Track Time Type” (Cubase only).

This allows you to specify the default track time type for new tracks (Audio,
Group/FX, MIDI and Marker tracks). When you change this setting, all
new tracks will use the selected time type. You can choose between “Mu-
sical”, “Time Linear” and “Follow Transport Main Display”. Selecting “Mu-
sical” will cause all added tracks to be set to musical time type. When you
select “Time Linear”, all new tracks will use linear time base. The third op-
tion uses the primary time format setting on the Transport panel. When
this is set to “Bars+Beats”, tracks with musical time base will be added.
When this is set to any of the other options (Seconds, Timecode, Sam-
ples, etc.), all new tracks will use linear time base.

Whether to use musical or linear time base depends on
the type of project and recording situation. You can always
change this setting individually for each track, by clicking
the musical/linear time base button in the Inspector or
Track list. Musical time base is indicated by a note symbol,
while linear time base is indicated by a clock symbol.
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/N Internally, events on musical time based tracks use the
same high precision for positioning (64 bit floating
point values) as linear time based events. However,
switching between linear and musical time base re-
sults in a very small loss of precision (introduced by
the mathematical operations used for scaling values in
the two different formats). Therefore you should avoid
switching repeatedly between the two modes.

Musical time base selected

For more information about tempo changes, see the chap-
ter “Editing tempo and signature” on page 401.

Adding events to a track

There are a number of ways to add events to a track:

= By recording (see “Basic recording methods” on page
67).

= By dragging files and dropping them on the track at the
desired position.

You can create events by dragging and dropping from the
following locations:

= The desktop

* The MediaBay and its related windows (see the chapter “The
MediaBay” on page 273)

= The Pool

* Alibrary (a Pool file that is not attached to a project)

= The “Find media” dialog

= The Project window of another open project

* The Audio Part Editor of any open project

* The Sample Editor — press [Cirl]/[Command] and drag to cre-
ate an event of the current selection, or click in the left column
of the region list and drag to create an event from a region.

While you drag the clip in the Project window, its position will be indi-
cated by a marker line and a numerical position box. See also “Using
drag and drop” on page 264.
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= By selecting “Audio File..."” or “Video File..." from the
Import submenu on the File menu.

This opens a file dialog, allowing you to locate the file you wish to import.
When you import a file this way, a clip is created for the file and an event
that plays the whole clip is inserted on the selected track, at the position
of the project cursor.

You can also import MIDI files by using the Import submenu, but this
works in a slightly different way (see “Exporting and importing standard
MIDI files” on page 464).

= By grabbing audio CD tracks and converting them to au-
dio files (see “Importing audio CD tracks” on page 459).

= By importing only the audio portion of a video file and
converting it to an audio file (see “Extracting audio from a
video file” on page 450).

= By using Copy and Paste on the Edit menu.
This allows you to copy all kinds of events between projects. You can
also copy events within the project, e.g. from the Sample Editor.

= By drawing.

Some types of events (markers and automation events) can be drawn di-
rectly into the Project window. For audio and MIDI tracks, you can draw
parts (see “Creating parts” on page 42).

Audio file import options

When you are importing audio files there are a number of
options concerning how the files should be treated by Cu-
base:

* You can choose to copy the file into the audio folder of the
project and have the project make reference to the copied file
rather than the original file. This helps you keep your project
“self-contained”.

* You can choose to split stereo and multi-channel files into a
number of mono files.

= Furthermore, you may want all files in the project to have the
same sample rate and sample size (resolution).

The Preferences dialog (Editing—Audio page) contains a
setting that lets you decide which options to use. Select
one of the following options on the “On Import Audio
Files” pop-up menu:

On Import Audio Files

v Open Options Dialag
eeded

B Split il channel files
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= Open Options Dialog

An Options dialog appears when you import, allowing you to select
whether you want to copy the files to the Audio folder and/or convert
them to the project settings. Please note the following:

- When importing a single file of a format other than the project settings,
you can specify which properties (sample rate and/or resolution) should
be changed.

— When importing multiple files at the same time, you can select to con-
vert the imported files automatically if necessary, i.e. if the sample rate is
different than the project’s or the resolution is lower than the project
setting.

= Use Settings

No Options dialog will appear when you import. Instead, you can choose
to make any of the options below the pop-up the standard action(s). Ac-
tivate any number of the following options to have them performed auto-
matically each time you import audio files:

Option Description

Copy Filesto  Iffiles are not already in the project’s audio folder they are
Working copied there before being imported.

Directory

Convert and If files are not already in the project’s audio folder they are

Copy to copied there before being imported. Furthermore, if the
Project If files have a different sample rate or a lower resolution than
Needed the project settings, they are automatically converted.
Split multi- If you import a multi-channel audio file (including two-
channel files channel stereo files), it will be split into a number of mono

files — one for each channel — which are placed on sepa-
rate, automatically created mono tracks.

Creating parts

Parts are containers for MIDI or audio events. If you record
MIDI, a MIDI part is automatically created, containing the
recorded events. You can also create empty audio or MIDI
parts and later add events to them.

There are two ways to do this:

= Draw a part on a MIDI or audio track with the Pencil tool.
You can also draw parts by pressing [Alt]/[Option] and using the Arrow
tool.

* Double-click with the Arrow tool on a MIDI or audio
track, between the left and right locator.
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To add events to a MIDI part, you use the tools and func-
tions in a MIDI editor (see “The Key Editor — Overview” on
page 340). Adding events to audio parts is done in the
Audio Part Editor (see “Window overview” on page 255)
by pasting or by using drag and drop.

* You can also gather existing audio events into a part, by
using the “Events to Part” function on the Audio menu.
This creates an audio part containing all selected audio events on the
same track. To remove the part and make the events appear as indepen-
dent objects on the track again, select the part and use the “Dissolve
Part” function on the Audio menu.

Auditioning audio parts and events

Audio parts and events can be auditioned in the Project
window with the Play tool:

/N When auditioning, audio will be routed directly to the
Control Room (Cubase only), if the Control Room is
activated. When the Control Room is deactivated,
the audio will be routed to the default output bus,
bypassing the audio channel’s settings, effects and
EQs. In Cubase Studio, the Main Mix bus is always
used for monitoring.

1. Select the Play tool.

Note that the Play tool and the Scrub tool share the same tool button. If the
tool icon on the toolbar doesn't show a speaker symbol, first click on the
icon to select it, then click again and select “Play” from the pop-up menu.
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2. Click where you want playback to start, and keep the
mouse button pressed.

Only the track on which you click is played back, starting at the click po-
sition.

3. Release the mouse button to stop playback.
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Scrubbing

The Scrub tool allows you to locate positions in the audio
by playing back, forwards or backwards, at any speed:

1. Select the Scrub tool.

Note that the Play tool and the Scrub tool share the same tool button. If
the tool icon on the toolbar doesn't show a “scrub symbol”, first click on
the icon to select it, then click again and select “Scrub” from the pop-up
menu.

2. Click at the desired position and keep the mouse but-
ton pressed.
The project cursor is moved to the position at which you click.

3. Drag to the left or right.

The project cursor follows the mouse pointer and the audio is played back.
The speed and pitch of the playback depend on how fast you move the
pointer.

You can adjust the responsiveness of the Scrub function
in the Preferences (Transport—Scrub page).

= ltis also possible to “scrub” the whole project with the
Jog wheel on the Transport panel (Cubase only).
See “Project scrubbing - the Jog Wheel (Cubase only)” on page 63.

= Note that scrubbing can be quite a burden on your sys-
tem. To avoid playback problems, you will find the “CPU
Saving Scrub Mode" option in the Preferences (Trans-
port—Scrub page).

When you activate this option, scrubbing will be less demanding on the
processor. This can be very useful when scrubbing in a large project,
where the “normal” scrub behavior leads to processing overloads. When
“CPU Saving Scrub Mode" is activated, the effects are disabled for
scrubbing and the resampling quality is lower.

Editing parts and events

This section describes techniques for editing in the Project
window. If not explicitly stated, all descriptions apply to both
events and parts, even though we use the term “event” for
convenience.

= When you are using the tools for editing, you can in
many cases get additional functions by pressing modifier
keys (e.g. pressing [Alt]/[Option] and dragging with the
Arrow tool creates a copy of the dragged event).

On the following pages, the default modifier keys are described - you
can customize these in the Preferences (Editing—Tool Modifiers page),
see “Setting up tool modifier keys” on page 483.
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Selecting events

Selecting events is done using any of the following
methods:

= Use the Arrow tool.
The standard selection techniques apply.

= Use the Select submenu on the Edit menu.
The options are:

Option Description

All Selects all events in the Project window.

None Deselects all events.

Invert Inverts the selection — all selected events are dese-
lected and all events that were not selected are se-
lected instead.

In Loop Selects all events that are partly or wholly between

the left and right locator.

From Start to Cursor Selects all events that begin to the left of the project

cursor.

From Cursor to End  Selects all events that end to the right of the project

cursor.

These are available in the MIDI Editors (see “Select-
ing notes” on page 346) and the Sample Editor (see
“Using the Select menu” on page 227).

Equal Pitch

Select Controllers in
Note Range

This is available in the MIDI Editors (see “Selecting
controllers within the note range” on page 346).

All on Selected Selects all events on the selected track.

Tracks

Select Event This is available in the Sample Editor (see “Window

overview” on page 221).

Left/Right Selection
Side to Cursor

These two functions are only used for range selection
editing (see “Creating a selection range” on page 51).

/N Note that these functions work differently when the
Range Selection tool is selected (see “Creating a
selection range” on page 51).

= Select all events on a track by right-clicking on it in the
Track list and selecting “Select All Events” from the con-
text menu.

* You can also use the arrow keys on the computer key-
board to select the closest event to the left, right, above or
below.

If you press [Shift] and use the arrow keys, the current selection will be
kept, allowing you to select several events.
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= If the option “Auto Select Events under Cursor” is acti-
vated in the Preferences (Editing page), all events on the
selected track(s) that are “touched” by the project cursor
are automatically selected.

This can be helpful when rearranging your project, since it allows you to
select whole sections (on all tracks) by selecting all tracks and moving
the project cursor.

= It is also possible to select ranges, regardless of the
event and track boundaries.

This is done using the Range Selection tool (see “Range editing” on
page 51).

* Note that in the Preferences (Editing page), you can
find the option “Use Up/Down Navigation Commands for
selecting Tracks only”.

By default, tracks are selected with the up/down arrow keys on the com-
puter keyboard. However, these are also used for selecting events (see
above) which can lead to confusing results in some cases. Since track se-
lection is a most vital operation in both editing and mixing, you have the op-
tion to use the navigation controls for track selection only. The following
applies:

= When this option is deactivated and no event/part is selected
in the Project window, the up/down arrow keys on the com-
puter keyboard are used to step through the tracks in the Track
list — just as you would expect this to work.

* When this option is deactivated and an event/part is selected in
the Project window, the up/down arrow keys still step through
the tracks in the Track list — but on the currently selected track,
the first event/part will automatically be selected as well. If this
is not the desired behavior, you have to activate “Use Up/Down
Navigation Commands for selecting Tracks only”".

= When this option is activated, the up/down arrow keys are
only used to change the track selection — the current event/
part selection in the Project window will not be altered.

= Also in the Preferences (Editing—Tools page), you can
find the Cross Hair Cursor options section.

This allows you to display a cross hair cursor when working in the Project
window and editors, facilitating navigation and editing, especially when
arranging in large projects. You can set up the colors for the line and the
mask of the cross hair cursor, and define its width. The cross hair cursor
works as follows:

= When the Selection tool (or one of its subtools) is selected,
the cross hair cursor appears when you start moving/copying
a part/event, or when using the event trim handles.

= When the Pencil tool, the Scissors tool or any other tool that
makes use of this function is selected, the cross hair cursor ap-
pears as soon as you move the mouse over the event display.

= The cross hair cursor is only available for tools where such a
function is of any use. The Mute tool for example does not use
a cross hair cursor, as you have to click directly on an event to
mute it.

Moving events

To move events in the Project window, use the following
methods:

= Click and drag to a new position.

All selected events will be moved, maintaining their relative positions. You
can only drag events to tracks of the same type. If Snap is activated, this
determines to which positions you can move the events (see “The Snap
function” on page 56).

Note also that you can restrict movement to be either horizontal or vertical
only, by holding down [Ctrl][/[Command] while dragging.

/N You will note that there is a slightly delayed response
when you move an event by dragging. This helps you
avoid accidentally moving events when you click on
them in the Project window. You can adjust this de-
lay with the Drag Delay setting in the Preferences
(Editing page).

= Select the event and edit the Start position in the info line.

= Use the “Move to" options on the Edit menu.
The following options are available:

Option Description

Cursor Moves the selected event to the project cursor position. If
there are several selected events on the same track, the
first event will start at the cursor, and the following will be
lined up end-to-start after the first one.

Origin Moves the selected events to their original positions, i.e.
the positions at which they were originally recorded.

Front/Back This function doesn't actually change the position of the

events, but moves the selected events to the front or
back, respectively. This is useful if you have overlapping
events, and want to see one that is partially obscured.
For audio events, this is an extra important feature, since
only the visible sections of events will be played back.
Moving an obscured audio event to front (or moving the
obscuring event to back) will allow you to hear the whole
event on playback (see also “Overlapping events” on
page 256).

Note that it is also possible to use the “To Front” function
on the event context menu for this (although this works in
a different way, see “Create Events mode (Preferences)”
on page 76).
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= Use the Nudge buttons in the toolbar.

These move the selected events to the left or right. The amount of move-
ment depends on the selected display format (see “The Project Setup di-
alog” on page 34) and the value set on the Grid pop-up menu.

/N When the Range Selection tool is used, the Nudge
buttons move the selection range (see “Moving and
duplicating” on page 52).

= The Nudge buttons are not visible in the toolbar by de-
fault.

You can decide which items should be visible by right-clicking in the
toolbar and activating the corresponding option on the context menu.
See “The setup context menus” on page 471 for more information.

Duplicating events
Events can be duplicated in the following ways:

* Hold down [Alt]/[Option] and drag the event to a new
position.

If Snap is activated, this determines to which positions you can copy the
events (see “The Snap function” on page 56).

/N I you hold down [Ctrl]/[Command] as well, move-
ment direction is restricted to either horizontal or ver-
tical. That means if you drag an event vertically it
cannot be moved horizontally at the same time.

= Audio and MIDI parts can also be duplicated by press-
ing [Alt)/[Option]-[Shift] and dragging.

This creates a shared copy of the part. If you edit the contents of a
shared copy, all other shared copies of the same part are automatically
edited in the same way.

Shared copies are indicated by showing the name in italic text and an
icon in the right corner of the part.
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Note:

= When you duplicate audio events, the copies are al-
ways shared. This means that shared copies of audio
events always refer to the same audio clip (see “Audio
processing” on page 205).

= You can convert a shared copy to a real copy by select-
ing “Convert to Real Copy” from the Edit menu. This cre-
ates a new version of the clip (that can be edited indepen-
dently) and adds this to the Pool. Note that no new files are
created by this operation — for that you need to use the
“Bounce Selection” function from the Audio menu (see “Ex-
porting regions as audio files” on page 269).

= Selecting “Duplicate” from the Edit menu creates a
copy of the selected event and places it directly after the
original.

If several events are selected, all of these are copied “as one unit”, main-
taining the relative distance between the events.

= Selecting “Repeat..." from the Edit menu opens a dia-
log, allowing you to create a number of copies (regular or
shared) of the selected event(s).

This works just like the Duplicate function, but you can specify the num-
ber of copies.

* You can also perform the Repeat function by dragging:
Select the event(s) to repeat, press [Alt]/[Option], click the
handle in the lower right corner of the last selected event
and drag to the right.

The longer to the right you drag, the more copies are created (as shown
by the tooltip).

M J

Repest Count: 3

= Selecting “Fill Loop” from the Edit menu creates a num-
ber of copies starting at the left locator and ending at the
right locator.

The last copy is automatically shortened to end at the right locator position.

AR
2 3 4 5 6 7

The Project window



Using Cut, Copy and Paste

You can cut or copy selected events, and paste them in
again, using the functions on the Edit menu.

= When you paste an audio event, it is inserted on the se-
lected track, positioned so that its snap point is aligned
with the cursor position.

If the selected track is of the wrong type, the event will be inserted on its
original track. See “The Snap function” on page 56 for information about
the snap point.

= If you use the “Paste at Origin” function, the event is
pasted at its original position (the position from which you
cut or copied it).

Renaming events

By default, audio events show the name of their clip, but
you can enter a separate descriptive name for separate
events if you like. This is done by selecting the event and
typing in a new name in the “Description” field in the info
line.

* You can also give all events on a track the same name
as the track by changing the track name, holding down a
modifier key and pressing [Return].

See “Handling tracks” on page 38.

Splitting events

You can split events in the Project window in the following
ways:

= Click with the Scissors tool on the event you want to
split.

If Snap is activated, this determines the exact split position (see “The
Snap function” on page 56). You can also split events by pressing [Alt]/
[Option] and clicking with the Arrow tool.

= Select “Split at Cursor” from the Edit menu.

This splits the selected events at the position of the project cursor. If no
events are selected, all events (on all tracks) that are intersected by the
project cursor will be split.

= Select “Split Loop” from the Edit menu.
This splits events on all tracks at the left and right locator positions.
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= If you split a MIDI part so that the split position inter-
sects one or several MIDI notes, the result depends on the
option “Split MIDI Events” in the Preferences (Editing—
MIDI page).

If the option is activated, the intersected notes will be split (creating new
notes at the beginning of the second part). If it is deactivated, the notes
will remain in the first part, but “stick out” after the end of the part.

Gluing events together

You can glue events together using the Glue Tube tool.
There are three possibilities:

= Clicking on an event with the Glue Tube tool glues it to-
gether with the next event on the track. The events do not
have to touch one another.

The result is a part containing the two events, with one exception: If you
first split an event and then glue the two sections together again (without
moving or editing them first), they become a single event again.

= You can select several events on the same track and
click on one of them with the Glue Tube tool.
A single part is created.

= When you hold down [Alt]/[Option] while clicking on an
event with the Glue Tube tool, this event will be glued to-
gether with all following events on this track.

You can change the default key command for this in the Preferences
(Editing-Tool Modifiers page).

Resizing events

Resizing events means to move their start or end positions
individually. In Cubase, there are three types of resizing:

Resizing type Description

Normal Sizing  The contents of the event stay fixed, and the start or end
point of the event is moved to “reveal” more or less of the

contents.

The contents follow the moved start or end of the event
(see the figure below).

Sizing Moves
Contents

The contents will be time stretched to fit the new event
length (see the separate description on “Resizing events
using time stretch” on page 47).

Sizing Applies
Time Stretch
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To select one of the resizing modes, select the Arrow tool
and then click again on the Arrow tool icon on the toolbar.
This opens a pop-up menu from which you can select one
of the resizing mode options.
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The icon on the toolbar will change, indicating the selected resizing mode.

The actual resizing is done by clicking and dragging the
lower left or right corner of the event. If Snap is activated,
the Snap value determines the resulting length (see “The
Snap function” on page 56).

Sizing moves contents.

= |f several events are selected, all will be resized in the
same way.

* You can also resize events with the Scrub tool.
This works just the same as when resizing with the Arrow tool, but the
audio under the pointer is played back (scrubbed) while you drag.

= ltis also possible to resize events by using the Trim but-
tons (located in the Nudge palette) on the toolbar.

This will move the start or end position of the selected Event(s) by the
amount set on the Grid pop-up menu. The sizing type currently selected
applies to this method too, with the exception of “Sizing Applies Time
Stretch” which is not possible with this method. You can also use key
commands for this (by default, press [Ctrll/[Command] and use the left
and right arrow key).

= Note that the Nudge palette is not visible in the toolbar
by default. See “The setup context menus” on page 471 for
instructions on how to show and hide items in the toolbar.

= When resizing events, any automation data will not be
taken into account.

Resizing events using time stretch

If you want to resize a part and make its contents “fit” the
new size, you should use this option. Proceed as follows:

1. Click the Arrow icon on the toolbar and select the “Siz-
ing Applies Time Stretch” option from the pop-up menu.

2. Point close to the end point of the part you want to
stretch.

3. Click and drag left or right.

When you move the mouse, a tooltip shows the current mouse position
and length of the part. Note that the snap value applies, as with any part
operation.
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4. Release the mouse button.
The part is “stretched” or “compressed” to fit the new length.

P
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= For MIDI parts, this means that the note events are
stretched (moved and resized).
Controller data will be moved.

= For audio parts, this means that the events are moved,
and that the referenced audio files are time stretched to fit
the new length.

A dialog shows the progress of the time stretch operation.

= You can adjust which algorithm should be used for the
time stretch algorithm in the Preferences (Editing—Audio
page).

For more information about time stretch, see “Time Stretch” on page 212.

Sliding the contents of an event or part

You can move the contents of an event or part without

changing its position in the Project window. By default,
this is done by pressing [Alt]/[Option]-[Shift], clicking in
the event or part and dragging to the left or right.

/N When sliding the contents of an audio event, you
cannot slide past the start or end of the actual audio
clip. If the event plays the whole clip, you cannot
slide the audio at all.

Grouping Events

Sometimes it is useful to treat several events as one unit.
This can be done by grouping them: Select the events (on
the same or different Tracks) and select “Group” from the
Edit menu.
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Grouped events are indicated by a group icon in the right corner.
If you edit one of the grouped events in the Project window,

all other events in the same group are affected too (if appli-
cable).
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Group editing operations include:

= Selecting events.

* Moving and duplicating events.

* Resizing events.

* Adjusting fade-in and fade-out (audio events only, see “Creat-
ing fades” on page 89).

= Splitting events (splitting one event will automatically split any
other grouped events that are intersected by the split position).

= Locking events.

* Muting events (see below).

= Deleting events.

Locking events

If you want to make sure you don't edit or move an event
by accident, you can lock it. Locking can affect one (or any
combination) of the following properties:

Lock Options Description

Position If this is locked, the event cannot be moved.
Size If this is locked, the event cannot be resized.
Other If this is locked, all other editing of the event is disabled.

This includes adjusting the fades and event volume, pro-
cessing, etc.

= To specify which of these properties should be affected
by the Lock function, use the “Lock Event Attributes” pop-
up menu in the Preferences (Editing page).
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= To lock events, select them and select “Lock...” from
the Edit menu.

The events will be locked according to the options specified in the Prefe-
rences.

The padlock symbol indicates that
one or more of the lock options are
activated for the event.

* You can adjust the lock options for a locked event by se-
lecting it and selecting “Lock..." from the Edit menu again.
This opens a dialog in which you can activate or deactivate the desired
lock options.
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= To unlock an event (turn off all lock options), select it
and select “Unlock” from the Edit menu.

= It is also possible to lock a whole track, by clicking the
padlock symbol in the Track list or in the Inspector.
This disables all editing of all events on the track.

Muting events

To mute individual events in the Project window, proceed
as follows:

= To mute or unmute a single event, click on it with the
Mute tool.
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= To mute or unmute several events, select them — either
by using the standard selection techniques, or by using
one of the options on the Select submenu on the Edit
menu — and click on one of the selected events with the
Mute tool.

All selected events will be muted.

* You can also click in an empty area with the Mute tool
and drag a selection rectangle around several events you
want to mute or unmute, and then click on one of them
with the Mute tool.

= You can mute events by selecting them and selecting
“Mute” from the Edit menu.

Similarly, you can unmute the selected events by selecting “Unmute”
from the Edit menu.

* You can also change the mute status of selected events
on the info line.

Muted events can be edited as usual (with the exception
of adjusting fades), but are not played back.

* You can also mute whole tracks by clicking the Mute
(“M") button in the Track list, the Inspector or the mixer.
Clicking the Solo (“S") button for a track mutes all other tracks. Note that
there are two modes for the track solo function:

If the option “Enable Solo on Selected Track” is activated in the Preferen-
ces (Editing—Project & Mixer page) and you have soloed a track, selecting

—

—

Muted events are “grayed out”.
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another track in the Track list will automatically solo that track instead —
the solo state “moves” with the track selection.

If the option isn't activated, the track you solo stays soloed, regardless of
the selection.

Removing events

To remove an event from the Project window, use any of
the following methods:

= Click on the event with the Eraser tool.

Note that if you press [Alt]/[Option] while you click, all following events
on the same track will be deleted, but not the event you clicked and all
events before it.

= Select the event(s) and press [Backspace], or select
“Delete” from the Edit menu.

Creating new files from events

An audio event plays a section of an audio clip, which in
turn refers to one or more audio files on the hard disk.
However, in some situations you may want to create a new
file that consists only of the section played by the event.
This is done with the function “Bounce Selection” on the
Audio menu:

1. Select one or several audio events.

2. Set up fade in, fade out and event volume (on the info
line or using the volume handle) as desired.

These settings will be applied to the new file. For details on fades and
event volume, see “Creating fades” on page 89.

3. Select “Bounce Selection” from the Audio menu.
You are asked whether you want to replace the selected event or not.

= If you click “Replace”, a new file is created, containing
only the audio in the original event. A clip for the new file is
added to the Pool, and the original event is replaced by a
new event playing the new clip.

= If you click “No”, a new file is created and a clip for the
new file is added to the Pool.
The original event is not replaced.

You can also apply the Bounce Selection function to an
audio part. In that case, the audio from all events in the part
will be combined into a single audio file. If you choose “Re-
place” when asked, the part will be replaced with a single
audio event playing a clip of the new file.
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Editing in Lane Display mode

When you are recording in Stacked cycle recording mode,
each take ends up on a separate lane on the track, see
“Recording audio in Stacked mode” on page 77 and “Cy-
cle Record mode: Stacked/Stacked 2 (No Mute)" on page
82. However, you can also select this lane mode manually
for individual tracks, and use it when editing in the Project
window. This makes it easier to view and handle overlap-
ping events and parts.

Audio tracks

1. In the Track list or in the Inspector for the selected
track, click the Lane Display Type button and select “Lanes
Fixed” from the pop-up menu.

The audio track is divided vertically into two lanes. By default, all audio
events end up in the first (top) lane.
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2. Now you can move events or parts between lanes, ei-
ther by dragging or by using the “To Front” commands on
the Edit menu or the context menu (this will move the event
on the lane that has playback priority).

Note that if there are overlapping audio events, the audio on the lowest
lane has playback priority — moving events between lanes affects what
will be heard!

If the vertical zoom factor is sufficiently high, the sections that will be
heard on playback are indicated in green.

* Note that there will always be an extra, empty lane at the
bottom of the track — moving an event there always will
add another lane.

Depending on the number of lanes used, you may want to adjust the ver-
tical zoom for the track — simply drag the track edges in the Track list.

3. After rearranging the overlapping events so that you
hear what you want, you can select all events and select
“Delete Overlaps” from the Advanced submenu on the
Audio menu.

This puts all events in the top lane and resizes events so that overlapping
sections are removed.
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4. To turn off Lanes mode, select “Lanes Off” from the
Lane Display Type pop-up menu.

If you do this without using the “Delete Overlaps” function, all overlapping
sections will be kept. However, the sections that were green will now be
the sections visible (“on top”) and thus the sections that will be heard.

MIDI tracks

1. In the Track list or in the Inspector for the selected
track, click the Lane Display Type button and select “Lanes
Auto” or “Lanes Fixed".
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Lanes Fixed

* In Lanes Auto mode, extra lanes will automatically be
added where necessary — if two MIDI parts overlap, they
will automatically be put on separate lanes.

= In Lanes Fixed mode, you have to move MIDI parts be-
tween lanes manually (by dragging them or by using the
“Move to Front/Back” commands on the Edit menu or
context menu).

In this mode, there will always be an extra, empty lane at the bottom of
the track — if you move a part there, another lane will be added and so on.

2. You can edit the overlapping parts as usual — by cut-
ting, deleting or muting sections in the Project window or
by opening them in a MIDI editor.

In an editor, parts on different lanes will be treated just like parts on dif-
ferent tracks — you can use the part list pop-up menu to select an active
part for editing, etc.

Note that there is no playback priority between lanes on a MIDI track - all
unmuted parts will be heard during playback.

3. To merge all overlapping parts into one, make sure the
MIDI track is selected, position the left and right locator
around the parts and select “Merge MIDI in Loop” from the
MIDI menu.

In the dialog that appears, activate the Erase Destination option and click
OK. This merges all unmuted MIDI between the locators to a single part.

4. To turn off Lanes mode, select “Lanes Off” from the
Lane Display Type pop-up menu.
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Range editing

Editing in the Project window isn't necessarily restricted
to handling whole events and parts. You can also work
with selection ranges, which are independent from the
event/part and track boundaries.

Creating a selection range

To make a selection range, drag with the Range Selection
tool.
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When the Range Selection tool is selected, the Select
submenu on the Edit menu has the following items for
making selection ranges:

Option Description

All Makes a selection that covers all tracks, from the start of
the project to the end (as defined by the Length setting in
the Project Setup dialog).

None Removes the current selection range.

Invert Only used for event selection (see “Selecting events” on
page 43).

In Loop Makes a selection between the left and right locator, on

all tracks.

From Start to
Cursor

Makes a selection on all tracks, from the start of the
project to the project cursor.

From Cursor to
End

Makes a selection on all tracks, from the project cursor to
the end of the project.

Allon Selected
Tracks

Only used for event selection (see “Selecting events” on
page 43).

Select Event This is available in the Sample Editor (see “Using the Se-

lect menu” on page 227).

Left Selection
Side to Cursor

Moves the left side of the current selection range to the
project cursor position.

Right Selec- Moves the right side of the current selection range to the
tion Side to project cursor position.
Cursor

* Double-clicking on an event with the Range Selection
tool creates a selection range encompassing the event.

If you hold down [Shift] you can double-click several events in a row, and
the selection range will expand to encompass them all. Double-clicking a
second time on an event opens it for editing in the Sample Editor.
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Adjusting the size of the selection range

You can adjust the size of a selection range in the follow-
ing ways:

= By dragging its edges.

The pointer takes the shape of a double arrow when you move it over an
edge of the selection range.

= By holding down [Shift] and clicking.
The closest selection range edge will be moved to the position at which
you clicked.

= By adjusting the selection range start or end position on
the info line.

= By using the Trim buttons on the toolbar.

The left Trim buttons will move the start of the selection range and the
right buttons will move the end. The edges will be moved by the amount
specified on the Grid pop-up.

...will move the start of the selection range to the right by 1beat.

= By using the Nudge buttons on the toolbar.

These will move the whole selection range to the left or the right. The
amount of movement depends on the selected display format (see “The
Project Setup dialog” on page 34) and the value specified on the Grid
pop-up menu.

/N Note that the contents of the selection are not moved
— using the Nudge buttons is the same as adjusting
the start and end of the selection range at the same
time, by the same amount.

= The Trim buttons and the Nudge buttons are located
in the Nudge palette, which is not visible in the toolbar by
default.

See “The setup context menus” on page 471 for instructions on how to
show and hide items in the toolbar.
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Making selection ranges for several non-contiguous
tracks

You can create selection ranges that cover several tracks
by pressing [Alt]/[Option]-[Shift]. However, it is also pos-
sible to exclude tracks from a selection range:

1. Create a selection range from the first to the last de-
sired track.

2. Press [Alt])/[Option] and click in the selection range on
the tracks you want to exclude from the selection.
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3. In the same manner, you can add a track to the selec-
tion range by [Alt]/[Option]-clicking in the selection range
area on the track.

Moving and duplicating

= To move a selection range, click and drag it to a new
position.

This will move the contents of the selection range to the new position. If
the range intersected events or parts, these will be split before moving,
so that only the sections within the selection range are affected.

= To duplicate a selection range, hold down [Alt]/[Option]
and drag.

You can also use the Duplicate, Repeat and Fill Loop functions, just as
when duplicating events (see “Duplicating events” on page 45).

Using Cut, Copy and Paste

When working with selection ranges, you can either use
Cut, Copy and Paste on the Edit menu, or use the func-
tions “Cut Time" and “Paste Time" on the Range submenu
on the Edit menu. These work differently to their related
functions on the Edit menu:

Function Description

Cut Cuts out the data in the selection range and moves it to
the clipboard. The selection range is replaced by empty
track space in the Project window, meaning that events
to the right of the range keep their positions.

Copy Copies the data in the selection range to the clipboard.

Function Description

Pastes the clipboard data at the start position and track
of the current selection. Existing events are not moved to
make room for the pasted data.

Paste

Paste at Origin Pastes the clipboard data back at its original position. Ex-
isting events are not moved to make room for the pasted

data.

Cut Time Cuts out the selection range and moves it to the clip-
board. Events to the right of the removed range are
moved to the left to fill out the gap.

Paste Time Pastes the clipboard data at the start position and track

of the current selection. Existing events are moved to
make room for the pasted data.

Paste Time at
Origin

Pastes the clipboard data back at its original position. Ex-
isting events are moved to make room for the pasted data.

Deleting selection ranges
Again, you can either use “regular” Delete or “Delete Time":

= If you use the Delete function on the Edit menu (or press
[Backspace]), the data within the selection range is re-
placed by empty track space.

Events to the right of the range keep their position.

= If you use “Delete Time" on the Edit menu’'s Range sub-
menu, the selection range is removed and events to the
right are moved to the left to close up the gap.

Other functions

On the Range submenu on the Edit menu, you will find
three more range editing functions:

Function Description

Split Splits any events or parts that are intersected by the selec-
tion range, at the positions of the selection range edges.

Crop All events or parts that are partially within the selection

range are cropped, that is, sections outside the selection
range are removed. Events that are fully inside or outside
the selection range are not affected.

Insert Silence  Inserts empty track space from the start of the selection
range. The length of the silence equals the length of the
selection range. Events to the right of the selection range
start are moved to the right to “make room”. Events that
are intersected by the selection range start are split, and

the right section is moved to the right.
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Region operations

Regions are sections within a clip, with various uses.
While regions are perhaps best created and edited in the
Sample Editor (see “Working with regions” on page 228),
the following region functions are available in the Advan-
ced submenu of the Audio menu:

Function Description

Event or This function is available when one or several audio
Range as events or selection ranges are selected. It creates a re-
Region gion in the corresponding clip, with the start and end po-

sition of the region determined by the start and end
position of the event or selection range within the clip.

Events from This function is available if you have selected an audio

Regions event whose clip contains regions within the boundaries
of the event. The function will remove the original event
and replace it with event(s) positioned and sized accord-
ing to the Region(s).

Folder tracks

Moving tracks into a folder is a way to structure and orga-
nize tracks in the Project window. By grouping tracks in
folder tracks, you can solo and mute them in a quicker and
easier way and perform editing on several tracks as one
entity. Folder tracks can contain any type of track includ-
ing other folder tracks.
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A folder track

Tracks in the folder Rhythm Guit

guit_solo

Handling folder tracks

= Creating a folder track

Select “Add Track” from the Project menu and select “Folder” from the
submenu that appears, or right-click in the Track list and select “Add
Folder Track” from the context menu to create a folder track.

= Moving tracks into a folder

In the Track list, click on a track that you want to move into a folder and
drag it onto a folder track. A green arrow pointing to a folder appears
when you drag the track onto the folder track in the list. The track is placed
in the folder track, and all parts and events on the track will be represented
by a corresponding folder part (see below). You can also create sub-fold-
ers by moving one folder track into another. For example, you could have a
folder containing all the vocals in a project, and each vocal part could have
a folder containing all the takes for easier handling etc.
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* Removing tracks from a folder
Drag a track out of the folder and release it in the Track list to remove it
from the folder.

= Hiding/showing tracks in a folder

Click on the “Expand/Collapse Folder" button (the folder icon) to hide or
show the tracks located in a folder or use the corresponding options in

the Track Folding submenu of the Project menu (see “Track folding” on

page 39). Hidden tracks are played back as usual.

* Muting and soloing folder tracks
Click the Mute or Solo button on the folder track to mute or solo all
tracks in the folder as one unit.

Working with folder parts

A folder part is a graphic representation of events and
parts on the tracks in the folder. Folder parts indicate the
position and length of the events and parts, as well as on
which track they are (their vertical position). If part colors
are used, these are also shown in the folder part.

Any Project window editing you perform to a folder part
affects all the events and parts it contains. You can select
several folder parts if you like — this allows you to handle
and edit them together. The editing you can perform in-
cludes:

* Moving a folder part. This will move its contained events and
parts (possibly resulting in other folder parts, depending on
how the parts overlap).

= Using cut, copy and paste.

* Deleting a folder part. This will delete its contained events and
parts.

= Splitting a folder part with the Scissors tool.

= Gluing folder parts together with the Glue tube tool. This will
only work if the adjacent folder parts contain events or parts
on the same track.

* Resizing a folder part resizes the contained events and parts
according to the selected resizing method, see “Resizing
events” on page 46.
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* Muting a folder part. This will mute its contained events and
parts.

Tracks inside a folder can be edited as one entity by per-
forming the editing directly on the folder part containing
the tracks. You can also edit individual tracks within the
folder by showing the contained tracks, selecting parts
and opening editors as usual.

Double-clicking a folder part opens the editors for the cor-
responding track classes present in the folder. The follow-
ing applies:

= All MIDI parts located on the tracks within the folder are
displayed as if they were on the same track, just like when
opening the Key Editor with several MIDI parts selected.
To be able to easily discern the different tracks in the editor, give each
track a different color in the Project window and use the “Part Colors”
option in the editor (see “Coloring notes and events” on page 344).

= If the folder contains tracks with audio events and/or au-
dio parts, the Sample and/or Audio Part Editors are opened
with each audio event and audio part in a separate window.

Markers

Markers are used to locate certain positions quickly. If you
often find yourself jumping to a specific position within a

project, you should insert a marker at this position. There
are two types of markers:

= Cycle markers allow you to store the start and end posi-
tions of a range.

On the Marker track they are shown as two markers bridged by a hori-
zontal line. They are ideal for setting sections of a song, for example “In-
tro", “Verse”, and “Chorus”, this enables you to quickly navigate to the
song sections, and also to optionally repeat the section (by activating
Cycle on the Transport panel). Cycle markers can freely overlap.

= Standard markers store a specific position.

= The left and right locators are handled separately —
see “The left and right locators” on page 62.
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Editing markers in the Marker window
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The Marker window lists the markers in the order in which

they occur in the project. To open the Marker window, se-
lect “Markers” from the Project menu, click the “Show" but-
ton in the Marker section on the Transport panel or use the
key command (by default [Ctrl]/[Command]-[M]).

The Marker window is divided into six columns:

Column Description

Locate (left-
most column)

If you click in this column the project cursor will be moved
to the corresponding marker position. A blue arrow indi-
cates the marker at the project cursor position (or the
closest marker before the project cursor).

In this column you can edit marker ID numbers. Each time
you add a marker, it is automatically and sequentially as-
signed an ID number, starting from ID 1. IDs for cycle
markers are shown in brackets and start from [1]. The
nine first markers (1 to 9) can be recalled by using key
commands (by default [Shift]-[1] to [9] on the typewriter
part of the keyboard).

Position In this column you can view and edit the markers’ time

positions (or start positions for cycle markers).

End In this column you can view and edit the end positions of

cycle markers.

Length In this column you can view and edit the length of cycle

markers.

Description Here you can enter names or descriptions for markers.

Click on a column heading to sort the marker list by that
column. The Marker columns can also be reordered by
dragging and dropping the column headers.

The Project window



The following actions can be performed in the Marker
window:

= Adding markers

Click the Add button or press [Insert] (Windows only) on the computer
keyboard to add position markers at the current project cursor position
Select “Cycle Markers” from the Show pop-up menu and click the Add
button to add a cycle marker between the left and right locator.

* Removing markers
Select a marker and click the Remove button to remove it.

= Moving marker positions

Set the project cursor to the position to which you want to move (or re-
program) a marker, select the marker that you want to change in the
Marker window and click the Move button. If a cycle marker is selected,
the Move operation affects the cycle marker start position, the length of
the range is not affected. You can also move markers by editing their po-
sition numerically in the Position column.

Editing markers on the Marker track

Locators

Markers Cycle marker

The Marker track is used for viewing and editing markers.
Any changes made on the Marker track are reflected in the
Marker window and vice versa. Standard position markers
are shown as vertical lines with the marker name (if as-
signed) and number beside it. If you select the Marker
track, all markers are shown in the Inspector.

To add the Marker track to the Project, select “Marker” from
the Add Track submenu of the Project menu (or right-click
in the Track list and select “Add Marker Track”). You can
only have one Marker track in a project.

The following editing functions can be performed directly
on the Marker track:

= Adding markers

Press the [Insert] key (Win) or the “Add Marker” button in the Track list,
to add a position marker at the current cursor position during playback.
Click the “Add Cycle Marker” button in the Track list, to add a cycle
marker at the left and right locator positions.

i
v

Add Marker/Add Cycle Marker buttons
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= Selecting markers
Use the standard techniques.

= Drawing markers

Use the Pencil tool (or press [Alt]/[Option] and use the Arrow tool) to
draw position markers. Snap is taken into account.

Hold down [Ctrl]/[Command] while using the Pencil or the Arrow tool to
draw cycle markers. Snap is taken into account.

* Resizing

Select and drag a cycle marker by the handles that appear at the bottom
of the start and end events to resize it. This can also be done numerically
on the info line.

* Moving
Click and drag, or edit the positions on the info line to move a marker.
Snap is taken into account if activated.

* Removing

Select a position marker and press [Delete] or use the Erase tool to re-
move it.

Click with the Eraser tool to delete a cycle marker. If you hold down [Alt]/
[Option] when you click, all consecutive markers will also be deleted.

= Naming
Select a marker and enter a name on the info line.

= Moving the left and right locators

Double-click on a cycle marker or select it from the Cycle pop-up menu
in the Track list, to move the left and right locators to encompass the cy-
cle marker.

Use the numeric pad keys [1] and [2] to move the project cursor position
to the start or the end of the cycle marker. You can also use key com-
mands for this — see “Editing markers using key commands” on page 55.

= Zooming

Select a cycle marker on the Zoom pop-up menu, to zoom in the event
display to encompass the selected range only (see the section “Zoom
presets and Cycle markers” on page 36).

You can also do this by pressing [Alt]/[Option] and double-clicking on
the cycle marker in the event display.

= Making range selections in the Project window
Double-click with the Range Selection tool between any two markers to
create a selection range between the markers, spanning all tracks in the
project. This is a quick way to move or copy (hold down [Alt]/[Option])
complete sections of the project (on all tracks).

Editing markers using key commands

You can use key commands for marker operations, see
“Transport category” on page 486.
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Editing markers in the Project Browser

If you have a Marker track in the Project window, you can
create and edit all marker parameters, including marker
IDs, in the Project Browser. For details about editing
markers in the Project Browser see “Editing the Marker
track” on page 418.

Options

The Snap function

The Snap function helps you to find exact positions when
editing in the Project window. It does this by restricting
horizontal movement and positioning to certain positions.
Operations affected by Snap include moving, copying,
drawing, sizing, splitting, range selection, etc.

= You turn Snap on or off by clicking the Snap icon in the
toolbar.

Snap activated.

When you are moving audio events with Snap activated, it
isn't necessarily the beginning of the event that is used as
Snap position reference. Instead, each audio event has a
snap point, which you can set to a relevant position in the
audio (such as a downbeat, etc.).

The snap point is preferably set in the Sample Editor since
it allows for a higher degree of precision (see “Adjusting
the snap point” on page 226). You can however also set
the snap point directly in the Project window, in the follow-
ing way:

1. Select an event.

2. Place the project cursor at the desired position within
the selected audio event.

3. Pull down the Audio menu and select “Snap Point To
Cursor”.
The snap point is set at the cursor position.

The snap point for an event is displayed as a blue line in the Project
window.
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Exactly how Snap works depends on which mode is se-
lected on the Snap mode pop-up menu.

Grid Relative
Ewvents

Magnetic Cursar
Grid + Cursor
Ewents + Cursar

Ba Ewents + Grid + Cursor

The following sections describe the different Snap modes:
Grid

In this mode, the Snap positions are set with the Grid Type
pop-up menu to the right. The options depend on the dis-
play format selected for the ruler. For example, if the ruler is
set to show bars and beats, the grid can be set to bars,
beats or the quantize value set with the next pop-up menu
to the right. If a time or frame-based ruler format is selected,
the Grid Type pop-up menu contains time or frame-based
grid options, etc.

H :Hj': 1000 mz
[ 1 ms
220

SRR

100 mz
v 1000 ms

When Seconds is selected as ruler format, the Grid Type pop-up menu
contains time-based grid options.

Grid Relative

When you move events and parts in this mode they will not
be “magnetic” to the grid. Rather, the grid determines the
step size for moving the events. This means that a moved
event will keep its original position relative to the grid.

For example, if an event starts at the position 3.04.01 (one
beat before bar 4), Snap is set to Grid Relative and the
Girid Type pop-up menu is set to “Bar”, you can move the
event in steps of one bar — to the positions 4.04.01,
5.04.01 and so on. The event will keep its relative position
to the grid, i.e. stay one beat before the bar lines.

= This only applies when dragging existing events or parts
— when you create new events or parts this mode works
like the Grid mode.
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Events

In this mode, the start and end positions of other events
and parts become “magnetic”. This means that if you drag
an event to a position near the start or end of another
event, it is automatically aligned with the start or end of the
other event. For audio events, the position of the snap
point is also magnetic (see “Adjusting the snap point” on
page 226).

* Note that this includes marker events on the marker track.

This allows you to snap events to marker positions, and vice versa.

Shuffle

Shuffle mode is useful when you want to change the order
of adjacent events. If you have two adjacent events and
drag the first one to the right, past the second event, the
two events will change places.

a7 113
87.4.1.32(+54.2.0.32

The same principle works when changing the order of
more than two events:

I | | |

Dragging event 2 past event 4...

Lol e e Jbe jfe |

...changes the order of events 2, 3 and 4.

Magnetic Cursor

When this mode is selected, the project cursor becomes
“magnetic”. Dragging an event near the cursor causes the
event to be aligned with the cursor position.

Grid + Cursor

This is a combination of the “Grid” and “Magnetic Cursor”
modes.

Events + Cursor

This is a combination of the “Events” and “Magnetic Cur-
sor” modes.

Events + Grid + Cursor

This is a combination of the “Events”, “Grid” and “Mag-
netic Cursor” modes.

Snap to Zero Crossing

When this option is activated on the toolbar or in the Pre-
ferences (Editing—Audio page), splitting and sizing of au-
dio events is done at zero crossings (positions in the audio
where the amplitude is zero). This helps you avoid pops
and clicks which might otherwise be caused by sudden
amplitude changes.

Autoscroll

“Autoscroll” and “Suspend Autoscroll when Editing” are activated

When the Autoscroll option is activated, the waveform dis-
play will scroll during playback, keeping the project cursor
visible in the window. You can find the Autoscroll button in
the toolbars of the Project window and all editors.

= If the option “Stationary Cursors” is activated in the Pre-
ferences (Transport page), the project cursor will be posi-
tioned in the middle of the screen (if possible).

Suspending autoscroll

When editing parts or events during playback with Auto-
scroll enabled, you may suddenly “loose sight” of the ed-
ited material as the display follows the project cursor.

If you don’t want the Project window display to change
when editing during playback, you can activate the “Sus-
pend Autoscroll when Editing” button. You will find this
button right next to the Autoscroll button. When this op-
tion is enabled, autoscrolling is suspended as soon as you
click anywhere in the event display during playback.
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Proceed as follows:

1. Open a project that contains audio or MIDI parts/
events.

2. Enable both the “Autoscroll” and the “Suspend Auto-
scroll when Editing” buttons (both buttons turn blue).

3. Start playback.

4. Edit an audio or MIDI part/event of your project (e.g.
click and drag it to a different location on its track).
The Autoscroll button will turn orange.

Autoscrolling is now suspended, i.e. when the project cur-
sor moves to the right edge of the Project window, the
display will not follow to keep the cursor visible.

As soon as playback stops, or when you click the Auto-
scroll button again (so it turns blue), Cubase will return to
the normal Autoscroll behavior.
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Playback and the Transport panel



Background

This chapter describes the various methods available for
controlling Playback and Transport functions in Cubase.

The Transport panel

Below you can find a brief description of each item on the
Transport panel.

The pictures below show the Transport panel with all con-
trols visible (note that the Jog/Shuttle control is available
in Cubase only). The Transport panel is divided into the
following sections, from left to right.

Note Velocity Level

Octave Offset J

Change Virtual Keyboard

Display Type
CPU load and Record mode
Disk Cache N pop-up menu
meters —— Mormal

Cycle Record mode
pop-up menu

Activates Auto
Quantize

Nudge

Pre-roll: value and on/off +/- 1 Frame

Left locator

Punch In Shuttle
speed

Punch Out

Right locator Post-roll: value and on/off Jog Wheel

Nudge position Exchange time formats

right/left
N Primary Time Display Secondary Time Display
Position
slider 0:00:00.000
Go to
previous K<L | »> (2|2 | 0O > | ® f-Record
marker/ i ;
project Rewind Fast Cycle \\Stop Play
start forward on/off

Go to next marker/ project end
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Active Arranger.
chain

Arranger Selector

Current Arranger.
event

Activate Arranger
Mode

Previous/Next
Arranger event

First/Last repeat of current
Arranger event

Metronome
click on/off

Show Markers (opens

Precount on/off. Marker window)

Tempo track

on/off JEHPY

T

SHHC IMT.

Synchronization

The tempo and time
on/off

signature display

Jump to Marker

Clipping indicators

MIDI In/Out Output Level
activity Control
(left/right)

Audio input/output activity

= Note that the Output Activity and Clipping indicator as
well as the Output Level Control refer to the Control Room
channel (Cubase only), if the Control Room is activated. If
the Control Room is disabled, these controls refer to the
Main Mix Output bus as defined on the Outputs tab in the
VST Connections window. For information on the Control
Room, see the chapter “Control Room (Cubase only)” on
page 135. In Cubase Studio, the Main Mix bus is always
used for monitoring.

= The main Transport functions (Cycle/Stop/Play/Record)
can also be shown on the toolbar.

i<pilo]O] > ]e]

In addition, various play options are available on the Trans-
port menu.

Hiding and showing the Transport Panel

The Transport panel is shown automatically when you
launch a new project. To hide or show it, select “Transport
Panel” on the Transport menu (or use a key command — by
default [F2]).
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About Pre-roll and Post-roll

These items are described in the chapter “Recording”,
see “About Pre-roll and Post-roll” on page 84.

Changing the Transport panel setup

You can customize the appearance of the Transport panel
by right-clicking anywhere on the panel and selecting/de-

selecting the corresponding options on the context menu.

This is described in detail in the section “The setup con-
text menus” on page 471.

The numeric keypad

In the default Key Command settings, various Transport
panel operations are assigned to the numeric keypad on
the computer keyboard. The keypads are slightly different
on PC and Macintosh computers:

Numeric Key Function
[Enter] Play

[+] Fast Forward
[-] Rewind

[] Record

[+] (Win)/[/] Mac)  Cycle On/Off

Ll

Return to Zero

[0] Stop

[1] Go to Left Locator
[2] Go to Right Locator
[3-9] Go to marker 3to 9
Operations

Setting the project cursor position

There are several ways to move the project cursor position:

= By using Fast Forward and Rewind.

= By using the Jog/Shuttle/Nudge control on the Trans-
port panel (Cubase only — see “The Shuttle Speed control
(Cubase only)” on page 63).

= By dragging the project cursor in the lower part of the
ruler.

= By clicking in the ruler.
Double-clicking in the ruler moves the cursor and starts/stops playback.
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= If the option “Locate when Clicked in Empty Space” is
activated in the Preferences (Transport page) you can
click anywhere in an empty section of the Project window
to move the cursor position.

= By changing the value in any of the position displays.

= By using the position slider above the transport buttons
in the Transport panel.

The range of the slider relates to the Length setting in the Project Setup
dialog. Hence, moving the slider all the way to the right will take you to
the end of the project.

= By using markers (see “Markers” on page 54).

= By using playback options (see “Playback functions” on
page 64).

= By using the Arranger function (see “The Arranger
track” on page 96).

= By using functions on the Transport menu.

The following functions are available:

Function Description

Locate Selec-
tion/ Locate
Selection End

Moves the project cursor to the beginning or end of the
current selection. For this to be available, you must
have selected one or more events or parts, or made a
selection range.

Locate Next/
Previous Marker

This moves the project cursor to the closest marker to
the right or left (see “Marker tracks” on page 31).

Locate Next/
Previous Event

This moves the project cursor forwards or backwards
respectively, to the closest beginning or end of any
event on the selected track(s).

= If Snap is activated when dragging the project cursor,
the Snap value is taken into account. This is helpful for
finding exact positions quickly.

= There are also numerous key commands available for
moving the project cursor (in the Transport category in the
Key Commands dialog).

For example, you can assign key commands to the “Step Bar” and “Step
Back Bar” functions, allowing you to move the project cursor in steps of
one bar, backwards and forwards.
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About the Transport panel display formats

Primary time display (left) and secondary time display (right)

The time unit shown in the ruler can be independent from
the time unit shown in the main time display on the Trans-
port panel. This means that you can display timecode in
the transport position display and bars and beats in the
ruler, for example. In addition, there is a secondary time
display to the right of the primary time display which is
also independent, giving you three different time units
shown at the same time (in the Project window, you can
also create additional ruler tracks — see “Using multiple
rulers — ruler tracks (Cubase only)” on page 33).

The following rules apply:

= If you change the time format of the primary time display
on the Transport panel, the time format of the ruler will be
changed as well.

This is the same as changing the display format in the Project Setup.
Therefore, to have different display formats in the ruler and the main time
display you should change the format in the ruler.

= The primary time display format is set on the pop-up
menu to the right in the main position display.

0:01:31.000
v Bars+Beats

48. 2. 3. 40

BRI

Timecode
Samples
B0 fps [User]

= This setting also determines the time format displayed
for the left and right locators on the Transport panel.

= The secondary time display is completely independent,
and the display format is set on the pop-up menu to the
right in the secondary time display.

= You can swap time formats between the primary and
secondary time displays by clicking the double arrow sym-
bol between them.

The left and right locators

The left and right locators are a pair of position markers
used for specifying punch-in and punch-out positions dur-
ing recording, and as boundaries for cycle playback and
recording.
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= When cycle mode is activated on the Transport panel,
the area between the left and right locator will be repeated
(cycled) on playback.

However, if the right locator is positioned before the left, this will work as
a “jump” or “skip mode” — when the project cursor reaches the right lo-
cator it will immediately jump to the left locator position and continue
playback from there.

There are several ways to set locator positions:

= To set the left locator, press [Ctrl]/[[Command] and click
at the desired position in the ruler.

Similarly, pressing [Alt]/[Option] and clicking in the ruler sets the right lo-
cator. You can also drag the locator “handles” directly in the ruler.

r 1 ™
| 17 25
[ — |

The locators are indicated by the “flags” in the ruler. The area between
the locators is highlighted in the ruler and in the Project window (see
“Appearance” on page 474). Note that if the right locator is before the
left locator, the color of the ruler between the locators will change (from
blue to red).

= Click and drag in the upper half of the ruler to “draw” a
locator range.

If you click on an existing locator range, you can drag to move it.

= Pressing [Ctrl[/[Command] and pressing [1] or [2] on
the numeric keypad sets the left or right locator to the pro-
ject cursor position.

Similarly, you can press [1] or [2] on the numeric keypad (without [Ctrl]/
[Command]) to set the project cursor position to the left or right locator
position. Note that these are default key commands - you can change
these if you like.

= By creating cycle markers you can store any number of
left and right locator positions, which can be recalled by
simply double-clicking on the corresponding marker (see
“Editing markers on the Marker track” on page 55).

* The “Locators to Selection” item on the Transport menu
(default key command [P]) sets the locators to encompass
the current selection.

This is available if you have selected one or several events or made a se-
lection range.

* You can also adjust the locators numerically on the
Transport panel.

Clicking the L/R buttons in the locator section on the Transport panel will
move the project cursor to the respective locator. If you press [Alt]/[Op-
tion] and click the L or R button, the corresponding locator will be set to
the current project cursor position.
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The Shuttle Speed control (Cubase only)

The shuttle speed control (the outer wheel on the Trans-
port panel) allows you to play the project at any playback
speed, forwards or backwards. This provides a quick way
to locate or “cue” to any position in the project.

= Turn the shuttle speed wheel to the right to start play-
back.

The further to the right you move the wheel, the faster the playback
speed.

= If you turn the wheel to the left instead, the project will
play backwards.

Similarly, the playback speed depends on how far to the left you turn the
wheel.

Project scrubbing - the Jog Wheel
(Cubase only)

The middle wheel on the Transport panel serves as a jog
wheel. By clicking and dragging it to the right or left you
will move the playback position manually forwards or back-
wards — much like scrubbing on a tape deck. This helps
you pinpoint exact locations in the project.

= Note that the jog wheel is an “endless rotary encoder” —
you can turn it as many times as needed to move to the
desired location.

The faster you turn the wheel, the faster the playback speed.

= If you click the jog wheel during playback, playback will
automatically stop.

The nudge position buttons (Cubase only)

The + and — buttons in the middle of the Shuttle/Jog sec-
tion allow you to nudge the project cursor position one
frame at a time to the right or left.

Options and Settings

The “Return to Start Position on Stop”
preference

This setting is found on the Transport page in the Prefe-
rences (found on the File menu under Windows, or on the
Cubase menu under Mac OS X).

= If “Return to Start Position on Stop” is activated when
you stop playback, the project cursor will automatically re-
turn to the position where recording or playback last
started.

= If “Return to Start Position on Stop” is deactivated, the
project cursor will remain at the position where you stop

playback.

Pressing Stop again will return the project cursor to the position where
recording or playback last started.

About track disable/enable

For audio tracks, the track context menu contains an item
named “Disable Track”. This shuts down all disk activity
for the track, as opposed to using Mute, which merely
turns down the output volume for a track. For example, if
you often record “alternative takes” you can easily build up
a large number of takes on different tracks. Even though
these tracks are muted, they are actually still “playing
back” from the hard disk during playback. This puts an un-
necessary load on your disk system, so using “Disable
Track” is recommended for such situations.

= Select “Disable Track” for tracks that you want to keep in
the project for later use but do not want to play back now.
The track color changes to indicate that the track is disabled.

= Select “Enable Track” from the track context menu to
re-enable disabled tracks.
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Playback functions

Apart from the standard transport controls on the Trans-
port panel, you can also find a number of functions on the
Transport menu that can be used to control playback. The
items have the following functionality:

Option Description

Post-roll from
Selection Start/End

Starts playback from the beginning or end of the
currently selected range and stops after the time
set in the Post-roll field on the Transport panel.

Pre-roll to Selection
Start/End

Starts playback from a position before the start or
end of the currently selected range and stops at
the selection start or end, respectively. The play-
back start position is set in the Pre-roll field on the
Transport panel.

Activates playback from the beginning or end of
the current selection.

Play from Selection
Start/End

Play until Selection
Start/End

Activates playback two seconds before the start or
end of the current selection and stops at the selec-
tion start or end, respectively.

Play until Next Marker This activates playback from the project cursor and
stops at the next marker.

Play Selection Range This activates playback from the start of the current
selection and stops at the selection end.

Loop Selection This activates playback from the start of the current
selection and keeps starting over again when

reaching the selection end.

/N The functions listed above (except “Play until Next
Marker") are only available if you have selected one
or more events or made a selection range.

= In the Preferences dialog (Editing—Audio page) you
will find the option “Treat Muted Audio Events like De-
leted”. When you activate this option, any events over-
lapped by a muted event will become audible.

About Chase

Chase is a function that makes sure your MIDI instruments
sound as they should when you locate to a new position
and start playback. This is accomplished by the program
transmitting a number of MIDI messages to your instru-
ments each time you move to a new position in the project,
making sure all MIDI devices are set up correctly with re-
gard to program change, controller messages (such as
MIDI Volume), etc.

For example, let's say you have a MIDI track with a pro-
gram change event inserted at the beginning. This event
makes a synth switch to a piano sound.

At the beginning of the first chorus you have another pro-
gram change event which makes the same synth switch to
a string sound.

You now play back the song. It begins with the piano sound
and then switches to the string sound. In the middle of the
chorus you stop and rewind to some point between the be-
ginning and the second program change. The synth will
now still play the string sound although in this section it re-
ally should be a piano!

The Chase function takes care of that. If program change
events are set to be chased, Cubase will track the music
back to the beginning, find the first program change and

transmit it to your synth, setting it to the correct sound.

The same thing can apply to other event types as well. The
Chase Events settings in the Preferences dialog (MIDI
page) determine which event types will be chased when
you locate to a new position and start playback.

r Chase Events
Mote
Poly Pressure
Controller

Chase not limited to Part Boundaries
Frogram Change
Aftertouch
Pitchbend
| | Sysex

= Event types for which the checkbox is activated here
will be chased.

= In this section of the Preferences dialog, you will also
find the option “Chase not limited to Part Boundaries”.
When you activate this option, MIDI controllers are also chased outside
the part boundaries, i.e. the Chase will be performed on the part touched
by the cursor as well as on all the parts to the left of it. Please note that
this option should be deactivated for very large projects, as it consider-
ably slows down operations such as positioning and soloing. When you
deactivate this option, the MIDI controllers are only chased within the
parts under the position cursor.
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The Virtual Keyboard

The Virtual Keyboard can be displayed in the Transport
panel. It allows you to play and record MIDI notes by using
your computer keyboard or mouse. This is useful if you have
no external MIDI instrument at hand and you do not want to
draw in notes with the Pencil tool. The Virtual Keyboard can
perform all functions that can be controlled by external MIDI
keyboards, e.g. playing and recording MIDI notes.

/N When the Virtual Keyboard is displayed, the usual key
commands are blocked because they are reserved for
the Virtual Keyboard. The only exceptions are: [Ctrl]/
[Command]-[S] (Save), Num [*] (Start/Stop Record),
[Space] (Start/Stop Playback), Num [1] (Jump to left
locator), [Delete] or [Backspace] (Delete), Num [/]
(Cycle on/off), [F2] (Show/Hide Transport panel), and
[Alt)/[Option]-[K] (Show/Hide Virtual Keyboard).

* You can choose between two different keyboard dis-
play modes: computer keyboard and piano roll. To switch
between these two modes, click the “Change Virtual Key-
board Display Type” button or use the [Tab] key.

|Change ‘irkual Kevboard Display Tvpe (Use Tab Key)|

The Virtual Keyboard in computer keyboard display mode

The Virtual Keyboard in piano roll display mode

To record MIDI using the Virtual Keyboard, proceed as fol-
lows:

1. Create or choose a MIDI or an instrument track and ac-
tivate the “Record Enable” button for it.

2. Open the Virtual Keyboard by selecting “Virtual Key-
board” on the Devices menu or by pressing [Alt]/[Option]-
[K]. You can also open the Virtual Keyboard by right-click-
ing on the Transport panel and selecting “Virtual Keyboard”
on the context menu.

The Virtual Keyboard is displayed in the Transport panel.

3. Activate the Record button and press a key on your
computer keyboard to enter a note.
You can also click on the keys of the Virtual Keyboard to enter notes.

* You can also press several keys simultaneously to enter
polyphonic parts. The maximum number of notes that can
be played at one time varies between the different operat-
ing systems and hardware configurations.

4. Use the fader “Note velocity level” to the right of the
virtual keyboard to adjust the volume.
You can also use the up and down arrow keys for this.

5. Enter the desired notes this way.

6. When you are done, hit the Stop button and close the
Virtual Keyboard.

When the Virtual Keyboard is hidden, all key commands are available
again.

Options and settings

= In piano roll mode, you have a wider range of keys at
your disposal, allowing you to enter two voices simulta-
neously, for example bass and lead voice or bass drums
and HiHats.

In computer keyboard mode, you can use the two rows of keys that are dis-
played on the Virtual Keyboard to enter notes. In piano roll mode, you can
also use the two rows of keys below these.

= You have seven full octaves at your disposal. Use the
“Octave Offset” buttons at the bottom of the virtual key-
board to offset the octave range of the keyboard.

You can also use the left and right arrow keys to switch the keyboard range
to a lower or higher octave, respectively.

|Octave (Qffset (Use Left/Right Arrow Keys)l

* In piano roll mode, you can use the two sliders to the left
of the keyboard to introduce pitchbend (left slider) or
modulation (right slider).

You can also click on a key, hold the mouse button pressed until the
mouse pointer becomes a crosshair tool and drag upwards/downward to
introduce modulation or left/right to create pitchbend.

Playback and the Transport panel
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Background

This chapter describes the various recording methods
that you can use in Cubase. As it is possible to record
both audio and MIDI tracks, both recording methods are
covered in this chapter.

Before you start

This chapter assumes that you are reasonably familiar with
certain basic recording concepts, and that the following
initial preparations have been made:

* You have properly set up, connected and calibrated
your audio hardware.

= You have opened a project and set the project setup
parameters to your specifications.

Project setup parameters determine the record format, sample rate, pro-
ject length etc. that affect the audio recordings you make during the
course of the project. See “The Project Setup dialog” on page 34.

= If you plan to record MIDI, your MIDI equipment should
be set up and connected correctly.

Basic recording methods

This section describes the general methods used for re-
cording. However, there are additional preparations and
procedures that are specific to audio and MIDI recording
respectively. Make sure to read these sections before you
start recording (see “Audio recording specifics” on page
69 and “MIDI recording specifics” on page 79).

Record-enabling tracks

Cubase can record on a single track or on several tracks
(audio and/or MIDI) simultaneously. To make a track ready
for recording, click the Record Enable button for the track
in the Track list, in the Inspector or in the mixer. When ac-
tivated, the buttons turn red, indicating record ready
mode.
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Record Enable in the Inspector, Track list and mixer

= If the option “Enable Record on Selected Track” is ac-
tivated in the Preferences (Editing—Project & Mixer page),
tracks are automatically record-enabled when you select
them in the Track list.

= You can set up key commands to record-enable all
audio tracks simultaneously and to deactivate Record En-
able for all audio tracks (Arm/Disarm all Audio Tracks).
You will find these commands in the Key Commands dia-
log, in the Mixer category (see “Setting up key commands”
on page 480).

= The exact number of audio tracks you can record si-
multaneously depends on your computer CPU and hard
disk performance.

In the Preferences (VST page), you can find the option “Warn on Proces-
sing Overloads”. When this is activated, a warning message will be dis-
played as soon as the CPU clip indicator (on the Transport panel) lights
up during recording.

Manually activating recording

You activate recording by clicking the Record button on
the Transport panel or toolbar or by using the correspond-
ing key command (by default [*] on the numeric keypad).

Recording can be activated in Stop mode (from the current
cursor position or from the left locator) or during playback:

= If you activate recording in Stop mode, and the option
“Start Record at Left Locator” is activated on the Trans-
port menu, recording will start from the left locator.

The pre-roll setting or the metronome count-in will be applied (see
“About Pre-roll and Post-roll” on page 84).

= If you activate recording in Stop mode, and “Start Record
at Left Locator” is deactivated, recording will start from the
current project cursor position.

Recording



= If you activate recording during playback, Cubase will
immediately enter Record mode and start recording from
the current project cursor position.

This is known as “manual punch in”.

Activating recording in Sync mode

If you are synchronizing the Cubase transport to external
equipment (Sync is activated on the Transport panel) and
you activate recording, the program will go into “record
ready” mode (the record button on the Transport panel
will light up). In this case, recording will start when a valid
timecode signal is received (or when you click the Play
button). See the chapter “Synchronization” on page 427
for more information.

Automatically activating recording

Cubase can automatically switch from playback to record-
ing at a given position. This is known as “automatic punch
in". A typical use for this would be if you need to replace a
section of a recording, and want to listen to what is already
recorded, up to the recording start position.

1. Set the left locator to the position where you want re-
cording to start.

2. Activate the Punch In button on the Transport panel.

Punch In activated

3. Activate playback from some position before the left
locator.

When the project cursor reaches the left locator, recording is automati-
cally activated.

Stopping recording
Again, this can be done automatically or manually:

= If you click the Stop button on the Transport panel (or
use the corresponding key command, by default [0] on the
numeric keypad), recording is deactivated and Cubase
goes into Stop mode.

= If you click the Record button (or use the key command
for recording, by default [*]), recording is deactivated but
playback continues.

This is known as “manual punch out”.

= If the Punch Out button is activated on the Transport
panel, recording will be deactivated when the project cur-
sor reaches the right locator.

This is known as “automatic punch out". By combining this with auto-
matic punch in, you can set up a specific section to record — again very
useful if you want to replace a certain part of a recording. See also “Stop
after Automatic Punch Out” on page 84.

Punch In and Out activated

Cycle recording

Cubase can record and play back in a cycle — a loop. You
specify where the cycle starts and ends by setting the left
and right locators. When the cycle is active, the selected
section is seamlessly repeated until you hit Stop or deac-
tivate cycle mode.

= To activate cycle mode, click the cycle button on the
Transport panel.

0:01:49.000

55.3.1. 0

Cycle activated

= To record in cycle mode, you can start recording from
the left locator, from before the locators or from within the
cycle, in Stop mode or during playback.

As soon as the project cursor reaches the right locator, it will jump back
to the left locator and continue recording a new lap.

= The results of cycle recording depend on the selected
cycle record mode and are different for audio (see “Re-
cording audio in cycle mode” on page 75) and MIDI (see
“Recording MIDI in cycle mode” on page 81).
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Audio pre-record

This feature allows you to capture up to 1 minute of any in-
coming audio you play in Stop mode or during playback,

“after the fact”. This is possible because Cubase can cap-
ture audio input in buffer memory, even when not recording.

Proceed as follows:
1. Open the Preferences (Record—Audio page).

2. Specify a time (up to 60 seconds) in the “Audio Pre-
Record Seconds” field.
This activates the buffering of audio input, making Pre-Record possible.

3. Make sure an audio track is record-enabled and re-
ceives audio from the signal source.

4. When you have played some audio material you want
to capture (either in Stop mode or during playback), click
the Record button.

5. After a few seconds stop the recording.

An audio event is created, starting at where the cursor position was
when you activated recording. This means that if you were in stop mode,
and the cursor was at the beginning of the project, you may have to move
the event to the right in the next step. If you were playing along to a pro-
ject you should leave the event where it is.

6. Select the Arrow tool and place the cursor on the bot-
tom left edge of the event so that a double arrow appears,
then click and drag to the left.

Now the event is extended and the audio you played before activating
record is inserted — this means that if you played along during playback,
the captured notes will end up exactly where you played them in relation
to the project.

6,001 057 (Length: 1 00.03.052) |

The recording was activated at the start of bar 9. This is indicated by a
blue line in the audio event.
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Audio recording specifics

Selecting a recording file format

The format for recorded files is set in the Project Setup dia-
log on the Project menu. There are three settings: sample
rate, record format (bit depth) and record file type. While
the sample rate is set once and for all when you start work-
ing on a new project, the bit depth and file type can be
changed at any time.

Record file type

The Record File Type setting determines which type of
files will be created when you record:

File type Description

Wave File Wave files have the extension “.wav" and are a common
file format on the PC platform.

Wave 64 File ~ Wave 64 is a proprietary format developed by Sonic

(Cubase only)  Foundry Inc. Audio-wise it is identical to the Wave format,
but the internal file structure makes much larger file sizes
possible. This is useful e.g. for long live recordings in sur-
round format, where the audio files can become huge.

Broadcast In terms of audio content, the same as regular Wave files,

Wave File but with embedded text strings for supplying additional
information about the file (see below).

AIFF File Audio Interchange File Format, a standard defined by Ap-

ple Inc. AIFF files have the extension “.aif" and are used
on most computer platforms. Like Broadcast Wave files,
AIFF files can contain embedded text strings (see below).

= If you select Broadcast Wave File or AIFF format, you
can specify Author, Description and Reference text strings
that will be embedded in the recorded file.

This is done on the Record—Audio—Broadcast Wave page in the Prefe-
rences.

Record format (bit depth)

The available options are 16 bit, 24 bit and 32 bit float.
Use the following guidelines:

* Normally, select the record format according to the bit
depth delivered by your audio hardware.

For example, if your audio hardware has 20 bit A/D converters (inputs),
you may want to record at 24 bit resolution to capture the full bit depth.
On the other hand, if your hardware has 16 bit inputs, it is pointless to
record with a higher bit depth — this will only make the audio files larger,
with no difference in audio quality. The exception is if you record with ef-
fects — see “Recording with effects (Cubase only)” on page 78.
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= The higher the bit depth, the larger the files and the
more strain is put on the disk system.
If this is an issue, you may want to lower the record format setting.

/\ For further information on the options in the Project
Setup dialog, see “The Project Setup dialog” on
page 34.

Setting up the track

Creating a track and selecting the channel configuration

Audio tracks can be configured as mono, stereo or sur-
round tracks (Cubase only). This allows you to record or
import a file containing multiple channels and treat it as
one entity, with no need to split it up into several mono
files etc. The signal path for an audio track maintains its
channel configuration all the way from the input bus, via
EQ, level and other mixer settings to the output bus.

You specify the channel configuration for a track when you
create it:

1. Select “Add Audio Track” from the Track list context
menu or the Project menu (or, if an audio track is already
selected, double-click in an empty area of the Track list).
A dialog appears with a channel configuration pop-up menu.

2. Select the desired format from the pop-up menu.

In Cubase Studio, you choose between mono and stereo. In Cubase, the
most common formats are listed directly on the pop-up menu, with the re-
maining surround formats listed on the “More..." submenu. For a list of the
available surround formats, see “Output bus configuration” on page 182.

= The Browse item in this dialog allows you to browse
your disk(s) for created Track Presets, which can be used
as a basis (or template) for tracks.

This is described in detail in the chapter “Working with Track Presets” on
page 288.

3. Click OK.

A track appears, set to the specified channel configuration. In the mixer,
a corresponding channel strip appears. You cannot change the channel
configuration for a track.
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Selecting an input bus for a track

Here we assume that you have added and set up the re-
quired input busses (see “Setting up busses” on page 14).
Before you record, you need to specify from which input
bus the track should record. You can do this in the Inspec-
tor or in the mixer:

= In the Inspector, you select an input bus on the Input
Routing pop-up menu in the top section.

As described in the section “The Inspector” on page 29, the Inspector
shows the settings for the selected track. You show or hide the Inspector
by clicking the “Show/Hide Inspector” button on the Project window
toolbar.

0 0 MEEED GEe=

Audio 01

Click here to show/hide =
the Inspector. oo
ooo

Click here to select an input ~—___
bus for the track.

= In the mixer, you select an input bus on the Input Routing
pop-up menu at the top of the track’s channel strip.

If this pop-up menu is not shown, you need to open the Mixer Routing View
by clicking the “Show Routing” button in the extended Mixer common
panel or by selecting “Show Routing View" from the Window submenu on
the Mixer context menu. See “Configuring the mixer” on page 112 for more
information about the mixer.

Click here to select an input
bus for the track.

Click here to show or hide the
input and output settings.

(‘ Mixer

R
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Recording from busses

You can also select an output bus, a group bus or an FX
channel bus as an Input for your recording.

Let's assume you want to create a downmix of separate
tracks, e.g. bass drum, hihats, snare etc.

Proceed as follows:

1. Set up your separate tracks as desired and add a
group track.

2. For each of the drum tracks, open the Output Routing
pop-up menu and select the Group track as output.

3. Create a new audio track, open the Input Routing pop-
up menu for it and select the Group track as input for this
audio track.

4. Record enable this audio track and start recording.

Now, the output of the group track will be recorded on the
new track and you will get a mix of your separate tracks.

Note that you can also select an FX channel as recording
source. In this case, only the output of the FX channel will
be recorded.

For more information about the routing possibilities, see
“Routing” on page 18.

Selecting a folder for the recorded audio files
(Cubase only)

Each Cubase project has a project folder containing
(among other things) an “Audio” folder. By default, this is
where recorded audio files are stored. However, you can
select record folders independently for each audio track if
needed.

Proceed as follows:

1. To select the same record folder for several audio
tracks, select them by pressing [Shift] or [Ctrl]/[Command]
and clicking on them in the Track list.

2. Right-click in the Track list for one of the tracks to
bring up the context menu.

3. Select “Set Record Folder”.
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4. Use the file dialog that appears to navigate to the de-
sired folder (or create a new folder with the Create button).
Tip: if you want to have separate folders for different types of material
(speech, ambient sounds, music, etc.), you can create subfolders within
the Project’s “Audio” folder and assign different tracks to different sub-
folders. This way, all audio files will still reside within the project folder,
which will make managing the Project easier.

= It is possible to have different tracks record to totally dif-
ferent locations, even on different disks. However, if you
need to move or archive the project, there is a risk of miss-
ing some files. The solution is to use the “Prepare Archive”
function in the Pool to gather all external files into the pro-
ject folder first, see “Prepare Archive” on page 271.

Setting input levels

When recording digital sound, it is important to set the in-
put levels correctly — loud enough to ensure low noise and
high audio quality, but not so loud that clipping (digital dis-
tortion) occurs.

Clipping typically occurs in the audio hardware when a
too loud analog signal is converted to digital in the hard-
ware's A/D converters.

= If you are using Cubase, it is also possible to get clip-
ping when the signal from the input bus is written to a file
on your hard disk.

This is because in Cubase, you can make settings for the input bus, add-
ing EQ, effects, etc. to the signal as it is being recorded. This may raise
the level of the signal, causing clipping in the recorded audio file.

The procedure for checking the signal level coming into
the audio hardware is slightly different depending on
whether you are using Cubase or Cubase Studio:

Cubase
In Cubase, you check the input level at the input channel.

To check the level of the “unprocessed” signal coming into
the audio hardware, you need to switch the level meters to
“Meter Input”. In this mode, the input channel level meters

will show the level of the signal at the input of the bus, be-
fore any adjustments such as input gain, EQ, effects, level

or pan:

1. Right-click in the Mixer window.
The Mixer context menu appears.

2. Select the Global Meter Settings submenu and make
sure “Meter Input” is activated.
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3. Play back the audio and check the level meter for the
input channel.

The signal should be as loud as possible without exceeding 0dB (the
Clipping indicator for the input bus should not light up).

The Clipping indicator

4. If necessary, adjust the input level in one of the follow-
ing ways:

= Adjust the output level of the sound source or external
mixer.

= Use the audio hardware's own application program to
set the input levels (if possible).
See the documentation for the audio hardware.

= If your audio hardware supports the ASIO Control Panel
function, it may be possible to make input level settings.
To open the ASIO control panel, open the Device Setup dialog via the De-
vices menu and, in the list to the left (below “VST Audio System”), select
your audio card. When this is selected, you can open the Control Panel by
clicking on the Control Panel button in the settings section to the right.

The next step is to check the level of the audio being writ-
ten to a file on your hard disk. This is only necessary if you
have made any adjustments to the input channel (level
settings, EQ, insert effects, etc.).

Also note the following:

= If you record in 32 bit float format, the bit depth will not
be reduced — which means there is no risk of clipping at
this stage.

Also, this preserves the signal quality perfectly. Therefore, you should
consider using 32 bit float format when you are recording with effects
(see “Recording with effects (Cubase only)" on page 78).

= If you record in 16 or 24 bit format, the available head-
room is lower, which means clipping can occur if the sig-
nal is too loud. To avoid this, set the signal level in the
following way:

1. Bring up the mixer context menu, open and select Glo-
bal Meter Settings “Meter Post-Fader”.

2. Set up the input channel, by adding EQ and/or effects.
With some effects you may want to adjust the level of the signal going
into the effect — use the Input Gain knob for this. Note that you need to
press [Shift] or [Alt]/[Option] to adjust the Input Gain.
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Adjusting the Input Gain.

3. Play back the audio and check the level meter of the
input channel.

The signal should be reasonably loud but should not reach 0dB (the
Clipping indicator for the input bus should not light up).

4. If necessary, use the input channel fader to adjust the
signal level.

Cubase Studio

In Cubase Studio, the input channels are not shown in the
mixer. Instead, you need to check the level at the channel
strip for the track on which you are recording:

1. Locate the channel strip for the track you're about to
record on.

2. Activate monitoring for the channel by clicking the
speaker button next to the fader.

When monitoring is activated, the meter shows the level of the incoming
audio signal.

3. Play the audio source that you want to record and
check the level meter for the channel.

4., Adjust the output level of your audio source so that the
meters go reasonably high without reaching 0.0dB.
Check the numerical peak level indicator below the meter in the bus
channel strip. To reset the peak level indicator, click on it.

= You must adjust the output level of the audio source -
you cannot use the faders in Cubase Studio to adjust the
input level!

= An alternative way of checking the input levels would
be to use the control panel for your audio hardware (if it
features input level meters). It may also be possible to ad-
just the input level in the control panel.

See the documentation of your audio hardware for details.
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Monitoring

In this context, “monitoring” means listening to the input
signal during recording. There are three fundamentally dif-
ferent ways to do this: via Cubase, externally (by listening
to the signal before it reaches Cubase), or by using ASIO
Direct Monitoring (which is a combination of both other
methods — see below).

Monitoring via Cubase

If you monitor via Cubase, the input signal is mixed in with
the audio playback. The advantage of this is that you can
adjust the monitoring level and panning in the mixer, and
add effects and EQ to the monitor signal just as during
playback (using the track’s channel strip — not the input
bus!).

The disadvantage of monitoring via Cubase is that the
monitored signal will be delayed according to the latency
value (which depends on your audio hardware and driv-
ers). Therefore, monitoring via Cubase requires an audio
hardware configuration with a low latency value. You can
check the latency of your hardware in the Device Setup
dialog (VST Audio System page).

= If you are using plug-in effects with large inherent de-
lays, the automatic delay compensation function in Cubase
will increase the latency.

If this is a problem, you can use the Constrain Delay Compensation func-
tion while recording, see “Constrain Delay Compensation” on page 179.

When monitoring via Cubase, you can select one of four
Auto Monitoring modes in the Preferences (VST page):

VST

B Connect Sends automatically for each newly created Channel
Instruments uze Automation Read All and Write All
Mute Pre-Send when kute

Group Channels: Mute Sources az well

00ms ; Dielay Compenszation Thieshold [for Recording]
B Activate dislog Export warnings as text file'
M Use Cubase 2EQ Settings as Default

~| Default Stereo Panner Mode

Stereo Balance Panner

B Link Send Routing Panners to Channel Panner as Default

| Auto Monitoring

hdanual

| v Manual
‘while Record Enabled

T apemachine Style
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= Manual.

This option allows you to turn input monitoring on or off by clicking the
Monitor button in the Inspector, the Track list or in the mixer.

= While Record Enabled.

With this option, you will hear the audio source connected to the channel
input whenever the track is record enabled.

= While Record Running.

This option switches to input monitoring only during recording.

= Tapemachine Style.

This option emulates standard tapemachine behavior: input monitoring in
Stop mode and during recording, but not during playback.

= Cubase only: In the Preferences (VST-Metering page)
you can find the option “Map Input Bus Metering to Audio
Track (in Direct Monitoring)”.

When Direct Monitoring is activated in the Device Setup dialog, this op-
tion allows you to map the input bus metering to monitor-enabled audio
tracks. This gives you the opportunity to watch the input levels of your
audio tracks when working in the Project window.

When Direct Monitoring is activated in the Device Setup
dialog, this function works as follows:

* When “Map Input Bus Metering to Audio Track (in Direct Mo-

nitoring)” is activated, audio tracks show the metering signal
from the input bus they are routed to as soon as the track is
record-enabled.
Note that the tracks are mirroring the input bus signal, i.e. you
will see the same signal in both places. When using mapped
metering, any functions (e.g. trimming) you apply to the audio
track are not reflected in its meters.

* When “Map Input Bus Metering to Audio Track (in Direct Mo-
nitoring)” is not activated, metering works as usual.

= In Cubase Studio, the audio tracks always show the in-
put bus metering, see “Cubase Studio” on page 72.

External monitoring

External monitoring (listening to the input signal before it
goes into Cubase) requires some sort of external mixer for
mixing the audio playback with the input signal. This can
be a stand-alone physical mixer or a mixer application for
your audio hardware, if this has a mode in which the input
audio is sent back out again (usually called “Thru”, “Direct
Thru” or similar).

When using external monitoring, you cannot control the
level of the monitor signal from within Cubase or add VST
effects or EQ to the monitor signal. The latency value of
the audio hardware configuration does not affect the mon-
itor signal in this mode.
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= If you want to use external monitoring, you need to make
sure that monitoring via Cubase is not activated as well.
Select the “Manual” monitoring mode in the Preferences (VST page) and
do not activate the Monitor buttons.

ASIO Direct Monitoring

If your audio hardware is ASIO 2.0 compatible, it may sup-
port ASIO Direct Monitoring (this feature may also be
available for audio hardware with Mac OS X drivers). In
this mode, the actual monitoring is done in the audio hard-
ware, by sending the input signal back out again. How-
ever, monitoring is controlled from Cubase. This means
that the audio hardware’s direct monitoring feature can be
turned on or off automatically by Cubase, just as when us-
ing internal monitoring.

= To activate ASIO Direct Monitoring, open the Device
Setup dialog on the Devices menu and activate the Direct
Monitoring checkbox on the page for your audio hardware.
If the checkbox is grayed out, your audio hardware (or its driver) does not
support ASIO Direct Monitoring. Consult the audio hardware manufac-
turer for details.

= When ASIO Direct Monitoring is activated, you can se-
lect a monitoring mode in the Preferences (VST page), as
when monitoring via Cubase (see “Monitoring via Cubase”
on page 73).

* Depending on the audio hardware, it may also be possi-
ble to adjust the monitoring level and panning from the
mixer (including the Control Room section, but excluding
the Talkback and External Return channels) by adjusting
the volume faders, the input gain controls and the send
levels for Control Room studios.

Consult the documentation of the audio hardware if in doubt.

= VST effects and EQ cannot be applied to the monitor
signal in this mode, since the monitor signal does not pass
through Cubase.

= Depending on the audio hardware, there may be special
restrictions as to which audio outputs can be used for di-
rect monitoring.

For details on the routing of the audio hardware, see its documentation.

The latency value of the audio hardware configuration
does not affect the monitor signal when using ASIO Direct
Monitoring.

When using Steinberg hardware (MR816 series) in com-
bination with ASIO Direct Monitoring, monitoring will be
virtually latency-free.

= If you are using RME Audio Hammerfall DSP audio
hardware, make sure that the pan law is set to -3dB in the
card's preferences.

Recording

Recording is done using any of the general recording
methods (see “Basic recording methods” on page 67).
When you finish recording, an audio file is created in the
Audio folder within the project folder. In the Pool, an audio
clip is created for the audio file, and an audio event that
plays the whole clip appears on the recording track. Fi-
nally, a waveform image is calculated for the audio event. If
the recording was very long, this may take a while.

= If the option “Create Audio Images During Record” is
activated in the Preferences (Record—Audio page), the
waveform image will be calculated and displayed during
the actual recording process.

This realtime calculation uses some processing power — if your proces-
sor is slow or you are working on a CPU-intensive project, you should
consider turning this option off.

Undoing recording

If you decide that you do not like what you just recorded,
you can delete it by selecting Undo from the Edit menu.
The following will happen:

* The event(s) you just created will be removed from the Project
window.

* The audio clip(s) in the Pool will be moved to the Trash folder.

= The recorded audio file(s) will not be removed from the hard
disk.

However, since their corresponding clips are moved to
the Trash folder, you can delete the files by opening the
Pool and selecting “Empty Trash” from the Media menu,
see “Deleting from the hard disk” on page 264.
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Recording overlapping events

The basic rule for audio tracks is that each track can play
back a single audio event at a time. This means that if two
or more events are overlapping, only one of them will be
heard at any given time.

What happens when you record overlapping events
(record in an area where there are already events on the
track) depends on the Linear Record Mode setting on the
Transport panel:

* In “Normal” or “Merge” mode, recording where some-
thing has already been recorded creates a new audio
event that overlaps the previous one(s).

When you record audio, there is no difference between “Normal” and
“Merge” mode - the difference only applies to MIDI recording (see
“About overlap and the Record Mode setting” on page 81).

= In “Replace” mode, existing events (or portions of events)
that are overlapped by the new recording will be removed.
This means that if you record a section in the middle of a longer existing
recording, the original event will be cut into two events with a gap for the
new event.

Old Event

Which event will be heard?

If two or more events are overlapping, you will only hear the
events (or portions of events) that are actually visible. Over-
lapped (hidden) events or sections are not played back.

* The functions “Move to Front” and “Move to Back” on
the Edit menu (Move submenu, see “Moving events” on
page 44) are useful for managing overlapping events, as is
the “To Front” function (see below).
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Recording audio in cycle mode

If you are recording audio in cycle mode, the result depends
on two factors:

= The “Cycle Record Mode" setting on the Transport panel.

= The “Audio Cycle Record Mode" setting in the Prefe-
rences (Record—Audio page).

Cycle Record Modes on the Transport panel

1o - [ i
bz [MID]
Orvervrite [MID1]

Stacked
Stacked 2 [Mo Mute]

There are five different modes on the Transport panel, but
the first two modes only apply to MIDI recording. For au-
dio cycle recording, the following applies:

= If “Keep Last” is selected, the last complete “take” (the
last completely recorded lap) is kept as an audio event.

In reality, all laps you recorded are saved in one audio file divided into re-
gions — one region for each take. You can easily select a previous take
for playback - this is done as when recording in “Create Regions” mode
(see “Create Regions mode (Preferences)” on page 76).

= If “Stacked” is selected, each take will appear as an
event on a separate “lane” on the track.

This is useful when you want to view and edit the different takes and
eventually combine them to one recording. In this mode, the Audio Cycle
Record Mode preference does not matter. Stacked 2 (No Mute) is the
same as Stacked, except that all the takes will be audible. See “Recor-
ding audio in Stacked mode" on page 77.

= If any of the other cycle recording modes is selected,
the result depends entirely on the “Audio Cycle Record
Mode" setting in the Preferences (Record—Audio page).
These options are described below.
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Create Events mode (Preferences)

Record-Audio
m Audio Pre-Record Seconds

Create Audio Images During Record

Create Regions

H Audio Cycle Record Mode
v Create Regions
Create Events + Fegions

When “Audio Cycle Record Mode” is set to “Create
Events” in the Preferences (Record—Audio page), the fol-
lowing will happen when you record audio in cycle mode:

= One continuous audio file is created during the entire
recording process.

= For each recorded lap of the cycle, one audio event is
created.

The events will have the name of the audio file plus the text “Take *",
where “*" indicates the number of the take.

= The last take (the last recorded lap) will be on top (and
will thus be the one you hear when you activate playback).

To select another take for playback, proceed a follows:

1. Holding [Alt]/[Option], right-click the event and select
“To Front” on the context menu.

Whether a right click opens the context menu or the toolbox is deter-
mined by the “Popup Toolbox on Right Click” option in the Preferences
dialog (Editing-Tools page). Depending on this setting the context menu
is opened by right-clicking or by right-clicking holding any modifier key.

I Set To Region » :’ |: I:
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The “To Front” submenu, listing all the other (obscured) events.

2. Select the desired take.
The corresponding event is brought to front.

This method allows you to quickly combine the best parts
of each take, in the following way:

1. Use the Scissors tool to split the events in several sec-
tions, one for each part of the take.

For example, if you recorded four lines of vocals (in each take), you can
split the events so that each line gets a separate event.

|Taemu’5 Tae-:m’ue-ol Take 3 (New event) QI r!

The events after splitting. Note that since the original take events over-
lap each other, clicking with the Scissors tool will split all takes at the

same position.

2. For each section of the take, use the “To Front” func-
tion to bring the best take to the front.

This way, you can quickly combine the best sections of each take, using
the first vocal line from one take, the second line from another take, and
S0 on.

You can also compile a “perfect” take in the Audio Part
Editor, see “Assembling a “perfect take”” on page 258.

Create Regions mode (Preferences)

When Audio Cycle Record Mode is set to “Create Re-
gions” in the Preferences (Record—Audio page), the fol-
lowing will happen when you record audio in cycle mode:

= One continuous audio file is created during the entire
recording process.

* The audio event in the Project window shows the name
of the audio file plus the text “Take *" (with “*" being the
number of the last completed cycle lap).

= If you play back the recorded event, you will only hear
what was recorded during the last lap of the cycle record-
ing.

The previous “takes” recorded in the cycle are still available, however.

= The audio clip is divided into regions (called takes), one
for each lap of the cycle that was recorded.

If you locate the audio file you just recorded in the Pool, and click on the

plus sign beside it, you can see the regions that have been created, one
for each lap of the cycle that was completed during recording.
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“Take" regions in the Pool window
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To play back the different “takes”, proceed as follows:

1. In the Project window, holding [Alt]/[Option], right-
click the event that was created during cycle recording.
Provided that the “Popup Toolbox on Right Click” option in the Preferen-
ces dialog (Editing-Tools page) is activated, this brings up the context
menu.

2. Select the “Set To Region” menu item.
A submenu appears with the takes you recorded during cycle record.

3. Now you can select any of the takes from the submenu
and it will replace the previous take event in the Project
window.

Set To Region ]
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Use this method to listen through the various takes. Select
the best single take, or compile a “perfect” take by cutting
out the best bits from each take and putting them together
(see “Assembling a “perfect take"" on page 258).

Create Events + Regions mode (Preferences)

In this mode, both events and regions are created. If you
work with the takes as events in this mode, you can edit
the events freely (e.g. splitting them), see “Create Events
mode (Preferences)” on page 76. However, in case you
want to go back to the original takes, they are still available
as regions (on the “Set To Region” submenu, in the Pool
or in the Sample Editor).

Recording audio in Stacked mode

When you record audio in cycle mode and the “Stacked”
Cycle Record Mode is selected on the Transport panel,
the following happens:

= Each complete recorded cycle lap is turned into a separate
audio event.
= The track is divided into “lanes”, one for each cycle lap.
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* The events are stacked above each other, each on a different
lane.

Take { (Aucio &1 03) =]
Take 2 (Aucdio &1 03) =]
Take 3 (Aucdio &1 03) =]

This makes it easy to create a “perfect take” by combining
the best parts from the different cycle laps:

1. Zoom in so you can work comfortably with the stacked
events.

If you play back the recorded section, only the lowest
(last) take will be heard.

2. To audition another take, either mute the lower take(s)
with the Mute tool or move the takes between the lanes.
This can be done by dragging or by using the functions Move to Front/
Back on the context menu or the Edit menu.

3. Edit the takes so that only the parts you want to keep
can be heard.

You can cut events with the Scissors tool, resize them, mute them or de-
lete them.

e
Take 1 (Audi]
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=

Take 1

The sections that will be heard are indicated in green.

4. When you are satisfied with the result, select all events
on all lanes and select “Delete Overlaps” from the Advan-
ced submenu on the Audio menu.

This puts all events back on a single lane and resizes events so that over-
lapped sections are removed.

[
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5. To turn off the lane display mode for the track, click the
Lane Display Type button in the Track list and select “Lanes
Off".

If the button is hidden, you can bring it to view in the Track Controls Set-
tings dialog — see “Customizing track controls” on page 472.
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The Lane Display Type button

Recording with effects (Cubase only)

Normally you record the audio signals “dry” and add ef-
fects non-destructively during playback as described in
the chapter “Audio effects” on page 150. However, Cu-
base also allows you to add effects (and/or EQ) directly
while recording. This is done by adding insert effects and/
or making EQ settings for the input channel in the mixer.

= This will make the effects become part of the audio file
itself — you cannot change the effect settings after record-

Ing.
About the record format

When you record with effects, you should consider setting
the record format (bit depth) to 32 Bit Float. This is done
in the Project Setup dialog on the Project menu. Note that
this is not required in any way — you can also record with
effects in 24 or 16 Bit format.

However, there are two advantages to 32 Bit Float format:

= With 32 Bit Float recording, you do not risk clipping
(digital distortion) in the recorded files.

This can of course be avoided with 24 or 16 Bit recording as well, but re-
quires more care with the levels.

= Cubase processes audio internally in 32 Bit Float for-
mat — recording in the same format means the audio qual-
ity will be kept absolutely pristine.

The reason is that the effect processing in the input channel (as well as any
level or EQ settings you make there) is done in 32 Bit Float format. If you
record at 16 or 24 Bit, the audio will be converted to this lower resolution
when it is written to file — with possible signal degradation as a result.

Note also that it does not matter at which actual resolution
your audio hardware works. Even if the signal from the au-
dio hardware is in 16 Bit resolution, the signal will be 32
Bit Float after the effects are added in the input channel.
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An example

This example shows how to apply the “SoftClipper” effect
while recording. Note that this is only an example. The prin-
ciple is the same for all effects (or combinations of effects).

1. Set up an audio track for recording and select the de-
sired input bus.

For best results, you should also activate monitoring as this allows you to
hear and try out your settings before actually recording. See “Monitoring
via Cubase” on page 73 for a description of monitoring via Cubase.

2. Open the Mixer and make sure the full extended view
is shown.

To show the extended mixer view, either click the arrow icon (“Show Ex-
tended Mixer") in the Common Panel, select “Show Extended View" from
the Window submenu on the Mixer context menu or use a key command
(this can be set in the Key Commands dialog, see “Setting up key com-
mands” on page 480).

3. Locate the input channel (bus) from which you record.
If the input channels are hidden, click on the Show/Hide Input Channels
button to the left.

|

Hidle Input Channels

4. Check the input level (of the signal coming into the au-
dio hardware) as described in the section “Setting input
levels” on page 71 and adjust the level of the source audio
if necessary.

5. Pull down the View Options pop-up menu for the input
channel and select “Inserts”.

Empty

EQs

EQs Curve
Sends
Sends 1-4
Sends 5-8
Panner
Meter
Overview
User Panel
Studin Sends

v CanHide

The View Options pop-up menu is opened by clicking the arrow button
between the fader panel and the extended panel.
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Now the extended panel for the input channel shows the
insert slots.

6. Click on an insert slot and select an effect from the
context menu.

As you see, the included effects are sorted into submenus - you will find
the SoftClipper effect on the “Distortion” submenu.

The effect is loaded and activated and its control panel is
automatically opened.

7. Adjust the effect parameters to your liking.
For detailed information on the Effect parameters, see the separate man-
ual “Plug-in Reference”.

8. When the effect is set up as desired, you can check
the level of the input channel by setting the Meters to
post-fader (see “Setting input levels” on page 71).

Use the input channel fader to adjust the level if needed.

9. Activate recording.

10. When you're finished, you can play back the recorded
audio track.
As you can hear, the effect you applied is now a part of the actual audio file.

11. If you do not want to record more with the same plug-
in, you should deactivate it by clicking in the insert slot and
selecting “No Effect”.

MIDI recording specifics

Activating MIDI Thru

Normally, when working with MIDI, you will have MIDI Thru
activated in Cubase, and Local Off selected in your MIDI
Instrument(s). In this mode, everything you play during re-
cording will be “echoed” back out again on the MIDI out-
put and channel selected for the recording track.

1. Make sure the option “MIDI Thru Active” is activated in
the Preferences (MIDI page).

2. Record enable the track(s) on which you want to
record.

Now, incoming MIDI is “echoed” back out again for all record-enabled
MIDI tracks.
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= If you just want to use the Thru function for a MIDI
track without recording, activate the monitor button for the
track instead.

This is useful e.g. if you want to try out different sounds or play a VST
instrument in realtime without recording your playing.

Setting MIDI channel, input and output

Setting the MIDI channel in the instrument

Most MIDI synthesizers can play several sounds at the
same time, each on a different MIDI channel. This is the
key to playing back several sounds (bass, piano etc.) from
the same instrument. Some devices (such as General
MIDI compatible sound modules) always receive on all 16
MIDI channels. If you have such an instrument, there is no
specific setting you need to make in the instrument. On
other instruments, you will have to use the front panel con-
trols to set up a number of “Parts”, “Timbres” or similar so
that they receive on one MIDI channel each. See the man-
ual that came with your instrument for more information.

Naming MIDI ports in Cubase

MIDI inputs and outputs are often displayed with unneces-
sarily long and complicated names. However, you can re-
name your MIDI ports to more descriptive names:

1. Open the Device Setup dialog from the Devices menu.

2. Select the MIDI Port Setup item in the Device list.
The available MIDI inputs and outputs are listed. Under Windows, which
device to choose depends on your system.

3. To change the name of a MIDI port, click in the “Show
As" column and type in a new name.

After closing the dialog, the new name will appear on the MIDI Input and
Output Routing pop-up menus.

Setting the MIDI input in the Inspector

You select MIDI inputs for tracks in the Inspector (the area
to the left of the Track list in the Project window):

1. If the Inspector is hidden, click the Show Inspector
button on the toolbar.

2. Select the track(s) by clicking in the Track list.

To select multiple tracks, press [Shift] or [Ctrl]/[Command] and click. The
Inspector shows the settings for the first selected track (for details, see
“The Inspector” on page 29).
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3. Click the track name in the Inspector to make sure the
topmost section is shown.

4. Pull down the Input Routing pop-up menu and select
an input.

The available MIDI inputs are shown. The items on the menu depend on
the type of MIDI interface you are using, etc.

Al WAIDT Inputs
Not Connected

v All MIDI Inputs

YSL2020 Midi

= If you select the “All MIDI Inputs” option, the track will
receive MIDI data from all available MIDI inputs.

= If you hold down [Shift]-[Alt]/[Option] and select a MIDI
input, this will be used for all selected MIDI tracks.

Setting the MIDI channel and output

The MIDI channel and output settings determine where
the recorded MIDI is routed during playback, but are also
relevant for MIDI Thru in Cubase. Channel and output can
be selected in the Track list or in the Inspector. The proce-
dure below describes how to make the settings in the In-
spector, but it can be done in largely the same manner in
the Track list as well.

1. To select the track(s) and show the settings in the
Inspector, proceed as when selecting a MIDI input (see
above).

2. Pull down the Output Routing pop-up menu and se-
lect an output.

The available MIDI outputs are shown. The items on the menu depend on
what type of MIDI interface you are using etc.

icli
Mok Connected
v ¥SLZ020 Midi

SoundMax WDM MIDL
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= If you hold down [Shift]-[Alt]/[Option] and select a MIDI
output, this is selected for all selected MIDI tracks.

3. Use the Channel pop-up menu to select a MIDI chan-
nel for the track.

= If you set the track to MIDI channel “Any”, each MIDI
event on the track will be sent out on the channel stored in
the event itself.

In other words, the MIDI material will be played back on the channel(s)
used by the MIDI input device (the MIDI instrument you play during re-
cording).

Selecting a sound

You can select sounds from within Cubase by instructing
the program to send Program Change and Bank Select
messages to your MIDI device. This is done using the
“Patch Selector” and “Bank Selector” fields in the Inspec-
tor or Track list.
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Program Change messages give access to 128 different
program locations. If your MIDI instruments have more
than 128 programs, Bank Select messages (set in the
“Bank Selector” field) allow you to select different banks,
each containing 128 programs.

= Bank Select messages are recognized differently by
different MIDI instruments. The structure and numbering
of banks and programs may also vary. Consult the docu-
mentation of your MIDI instruments for details.

= Note that it is also possible to select sounds by name.
For descriptions of how to set this up, see the separate
“MIDI Devices” PDF document.
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Recording

Recording MIDI is done according to the basic recording
methods (see “Basic recording methods” on page 67).
When you finish recording, a part containing MIDI events
is created in the Project window.

About overlap and the Record Mode setting

MIDI tracks are different from audio tracks when it comes
to overlapping parts:

= All events in overlapping parts are always played back.

If you record several parts at the same locations (or move parts so that
they overlap), you will hear the events in all parts on playback, even
though some of the parts are obscured in the Project window.

When recording overlapping parts, the result depends on
the Linear Record Mode setting on the Transport panel:

* If the record mode is set to “Normal”, overdub recording
works as with audio tracks, i.e. if you record again where
something has already been recorded, you get a new part that
overlaps the previous one(s).

= If the record mode is set to “Merge”, the overdubbed events
are added to the existing part.

= If the record mode is set to “Replace”, the new recording re-
places any existing events in the area on that track.

About punch in and out on MIDI tracks

Performing and setting up manual and automatic punch
in/out recording for MIDI tracks is done in exactly the
same way as for audio tracks. There is one thing to note,
however:

* Punching in and out on recordings with Pitchbend or
controller data (modulation wheel, sustain pedal, volume
etc.) may lead to strange effects (apparently hanging
notes, constant vibrato etc.).

If this happens, you may need to use the Reset item on the MIDI menu
(see “The Reset function” on page 83).

About the Automatic MIDI Record Quantize function

If Auto Quantize is activated on the Transport panel (the
“Auto Q" button), the notes you record are automatically
quantized according to the current Quantize settings. For
more information about quantizing, see “The Quantizing
functions” on page 326.
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Recording MIDI in cycle mode

When you record MIDI in cycle mode, the result depends
on which Cycle Record mode is selected on the Transport
panel:

Cycle Record mode: Mix (MIDI)

For each completed lap, everything you record is added to
what was previously recorded in the same part. This is use-
ful for building up rhythm patterns, for example. Record a
hi-hat part on the first lap, the bass drum part on the sec-
ond lap etc.

Cycle Record mode: Overwrite (MIDI)

As soon as you play a MIDI note (or send any MIDI mes-
sage), all MIDI you have recorded on previous laps is over-
written from that point on in the part. An example:

1. You start recording in an eight bar cycle.

2. The first take was not good enough — you start directly
with a new take on the next cycle lap and overwrite the
first take.

3. After recording the second take you let the recording
roll on and listen, without playing anything.
You find that the take was good up until bar seven, for example.

4. On the next lap, you wait until bar seven and start
playing.

This way you will overwrite the last two bars only.

5. Make sure you stop playing before the next lap begins
— otherwise you will overwrite the entire take.

Cycle Record mode: Keep Last

Each completed lap replaces the previously recorded lap.
Note the following:

= The cycle lap must be completed - if you deactivate re-
cording or press Stop before the cursor reaches the right
locator, the previous take will be kept.

= If you do not play or input any MIDI during a lap, nothing
happens (the previous take will be kept).
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Cycle Record mode: Stacked/Stacked 2 (No Mute)
In this mode, the following happens:

= Each recorded cycle lap is turned into a separate MIDI part.

= The track is divided into “lanes”, one for each cycle lap.

= The parts are stacked above each other, each on a different
lane.

= All takes but the last one are muted (Stacked).

= If Stacked 2 is selected, no muting takes place.
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This makes it easy to create a “perfect take” by combining
the best parts from the different cycle laps. You can edit
the parts in the Project window (by cutting, resizing and
deleting) or you can use a MIDI editor as in the following
example:

1. Unmute the muted takes by clicking the parts with the
Mute tool.

2. Select all takes (parts) and open them in the Key Edi-
tor for example.

3. Use the part list pop-up menu on the toolbar to select
which part to edit.
See “Handling several parts” on page 339.

4. Remove or edit notes as desired.
5. When you are happy with the result, close the editor.

6. To turn it all into a single MIDI part (containing your
“perfect take"), select all parts and select “Merge MIDI in
Loop” from the MIDI menu.

7. In the dialog that appears, activate the Erase Destina-
tion option and click OK.
The remaining events in the parts are merged together into a single part.
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Recording different types of MIDI messages

/N\ You can decide exactly which event types should be
recorded by using the MIDI filters — see “Filtering
MIDI" on page 84.

Notes

When you press and release a key on your synth or other
MIDI keyboard, a Note On (key down) and a Note Off (key
up) message are sent out. The MIDI note message also
contains the information which MIDI channel was used.
Normally, this information is overridden by the MIDI chan-
nel setting for the track, but if you set the track to MIDI
channel “Any”, the notes will be played back on their orig-
inal channels.

Continuous messages

Pitchbend, aftertouch and controllers (like modulation
wheel, sustain pedal, volume etc.) are considered as MIDI
continuous events (as opposed to the momentary key
down and key up messages). If you move the Pitchbend
wheel on your synthesizer while recording, this movement
is recorded together with the key (Note On and Note Off
messages), just as you'd expect. But the continuous mes-
sages can also be recorded after the notes have been re-
corded (or even before). They can also be recorded on
their own tracks, separately from the notes to which they
belong.

Say, for instance, that you record one or several bass
parts on track 2. If you now set another track, like track 55,
to the same output and MIDI channel as track 2, you can
make a separate recording of just pitchbends for the bass
parts on track 55. This means that you activate recording
as usual and only move the pitchbend wheel during the
take. As long as the two tracks are set to the same output
and MIDI channel, it will appear to the MIDI instrument as
if the two recordings were made at the same time.

Program Change messages

Normally, when you switch from one program to another
on your keyboard (or whatever you use to record), a num-
ber corresponding to that program is sent out via MIDI as
a Program Change message. These can be recorded on
the fly with the music, recorded afterwards on a separate
track, or manually entered in the Key or List Editors.

Recording



System Exclusive messages

System Exclusive (SysEx) is a special type of MIDI mes-
sage used to send data that only makes sense to a unit of
a certain make and type. SysEx can be used to transmit a
list of the numbers that make up the settings of one or
more sounds in a synth. For more about viewing and edit-
ing SysEx messages, see the chapter “Working with Sys-
tem Exclusive messages” on page 368.

The Reset function

The Reset function on the MIDI menu sends out note-off
messages and resets controllers on all MIDI channels.
This is sometimes necessary if you experience hanging
notes, constant vibrato, etc.

There are two other options to perform a reset:

* Cubase can automatically perform a MIDI reset on stop.
You can turn this function on or off in the Preferences (MIDI page).

= Cubase can automatically insert a reset event at the end
of a recorded part.

Open the Preferences (MIDI page) and activate the option “Insert Reset
Events after Record”. The inserted Reset event will reset controller data
such as Sustain, Aftertouch, Pitchbend, Modulation, Breath Control, etc.
This is useful if a MIDI part is recorded and e.g. the Sustain pedal is still
held after stopping recording. Usually, this would cause all following parts
to be played with Sustain, as the Pedal Off command was not recorded.
This can be prevented by activating “Insert Reset Events after Record”.

Retrospective Record

This feature allows you to capture any MIDI notes you play
in Stop mode or during playback and turn them into a MIDI
part “after the fact”. This is possible due to the fact that
Cubase can capture MIDI input in buffer memory, even
when not recording.

Proceed as follows:

1. Enable the Retrospective Record option in the Prefe-
rences (Record—MIDI page).

This activates the buffering of MIDI input, making Retrospective Record
possible.

2. Make sure a MIDI track is record-enabled.

3. When you have played some MIDI material you want
to capture (either in Stop mode or during playback), select
Retrospective Record from the Transport menu (or use
the key command, by default [Shift]-Num[*]).
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The content of the MIDI buffer (i.e. what you just played) is
turned into a MIDI part on the record enabled track. The
part will appear where the project cursor was when you
started playing — this means that if you played along dur-
ing playback, the captured notes will end up exactly where
you played them in relation to the project.

= The Retrospective Record Buffer Size setting in the
Preferences (Record—MIDI page) determines how much
data can be captured.

MIDI Preferences

There are several other options and settings in the Prefe-
rences that affect MIDI recording and playback:

MIDI page

* Length Adjustment

Adjusts the length of notes so that there is always a short time between
the end of one note and the start of another (of the same pitch and on the
same MIDI channel). The time is set in ticks. By default there are 120
ticks per 1/16 note, but you can adjust this with the MIDI Display Reso-
lution setting on the same page.

Record-MIDI page

= Snap MIDI Parts to Bars

When this is activated, recorded MIDI parts will automatically be length-
ened to start and end at whole bar positions. If you are working in a
Bars+Beats-based context, this can make editing (moving, duplicating,
repeating, etc.) easier.

= Solo Record in MIDI Editors

If this is activated and you open a part for editing in a MIDI editor, its track
is automatically record-enabled. Furthermore, Record Enable is deacti-
vated for all other MIDI tracks until you close the editor again.

This makes it easier to record MIDI data when you're editing a part - you
will always be sure the recorded data ends up in the edited part and not
on any other track.

= MIDI Record Catch Range in ms

When you record starting at the left locator, this setting helps you make
sure the very start of the recording is included. A very annoying scenario is
when you have recorded a perfect MIDI take, only to find out that the very
first note was not included — because you started playing a little bit too
early! If you raise the Record Catch Range, Cubase will catch the events
played just before the recording start point, eliminating this problem.

For a description of the other options, click the Help but-
ton in the Preferences.

Recording
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The MIDI-MIDI Filter page in the Preferences allows you
to prevent certain MIDI messages from being recorded
and/or “thruput” (echoed by the MIDI Thru function).

The dialog is divided into four sections:

Section Description

Record Activating any of these options prevents that type of MIDI
message from being recorded. It can, however, be thru-
put, and if already recorded, it will play back normally.

Thru Activating any of these options prevents that type of MIDI
message from being thruput. It can, however, be re-
corded and played back normally.

Channels If you activate a channel button, no MIDI messages on
that MIDI channel will be recorded or thruput. Already re-
corded messages will, however, be played back normally.

Controller Allows you to prevent certain MIDI controller types from

being recorded or thruput.

To filter out a controller type, select it from the list at the
top of the Controller section and click “Add". It will ap-
pear on the list below.

To remove a controller type from the list (allow it to be re-
corded and thruput), select it in the lower list and click
“Remove”.
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Options and Settings

Recording-related Transport Preferences

A couple of settings in the Preferences (Transport page)
are relevant for recording. Set these according to your
preferred method of work:

Deactivate Punch In on Stop

If this is activated, punch in on the Transport panel is auto-
matically deactivated whenever you enter Stop mode.
Stop after Automatic Punch Out

If this is activated, playback will automatically stop after
automatic punch out (when the project cursor reaches the
right locator and punch out is activated on the Transport
panel). If the post-roll value on the Transport panel is set
to a value other than zero, playback will continue for the
set time before stopping (see below).

About Pre-roll and Post-roll

Pre-roll value field and on/off switch.

Post-roll value field and on/off switch.

The pre-roll and post-roll value fields (below the left/right
locator fields) on the Transport panel have the following
functionality:

= By setting a pre-roll value, you instruct Cubase to “roll
back” a short section whenever playback is activated.
This applies whenever you start playback, but is perhaps most relevant
when recording from the left locator (punch in activated on the Transport
panel) as described below.

= By setting a post-roll value, you instruct Cubase to play
back a short section after automatic punch out before
stopping.

This is only relevant when punch out is activated on the Transport panel
and “Stop after Automatic Punch Out” is activated in the Preferences
(Transport page).

= To turn pre-roll or post-roll on or off, click the corre-
sponding button on the Transport panel (next to the pre/
post-roll value) or use the “Use Pre-roll” and “Use Post-
roll” options on the Transport menu.

Recording



An example:

1. Set the locators to where you want to start and end re-
cording.

2. Activate Punch in and Punch out on the Transport
panel.

3. Activate the option “Stop after Automatic Punch Out”
in the Preferences (Transport page).

4. Set suitable pre-roll and post-roll times by clicking in
the corresponding fields on the Transport panel and typ-
ing in time values.

5. Activate pre-roll and post-roll by clicking the buttons
next to the pre-roll and post-roll times so that they light up.

6. Activate recording.

The project cursor “rolls back” by the time specified in the pre-roll field
and playback starts. When the cursor reaches the left locator, recording
is automatically activated. When the cursor reaches the right locator, re-
cording is deactivated, but playback continues for the time set in the
post-roll field before stopping.

Using the metronome

The metronome can output a click that can be used as a
timing reference. The two parameters that govern the tim-
ing of the metronome are tempo and time signature, as set
on the tempo track and signature track, or in the Tempo
Track Editor (see “Editing the tempo curve” on page 404).

You can use the metronome for a click during recording
and/or playback or for a precount (count-in) that will be
heard when you start recording from Stop mode. Click
and precount are activated separately:

= To activate the metronome, click the Click button on the
Transport panel.

You can also activate the “Metronome On" option on the Transport menu
or use the corresponding key command (by default [C]).

= To activate the precount, click the Precount button on
the Transport panel.

You can also activate the “Precount On" option on the Transport menu
or set up a key command for this.

Click on/off

oM Precount on/off

MY TRACK 44

SHHC | IMT.

Metronome settings

You make settings for the metronome in the Metronome
Setup dialog, opened from the Transport menu.

(' Metronome Setup

MIDI Click
ctivate MID] Click

( Metronome Options

Metionome in Fecord

Metionome in Play

W Use Count Base l:l Audio Click
Activate Audio Click
[ Precount Options O Besps
_ Precount Bars ® Sounds
O Use Time Sign. at Rec. Start Time Pitch Ll

@ Use Time Sign. at Project Time
@ Use Signature ‘

The metronome can use either an audio click played back
via the audio hardware, send MIDI data to a connected
device which will play back the click or do both.

The following metronome settings can be made in the
dialog:

Metronome
Options

Description

Metronome in  Allows you to specify whether the metronome should be

Record / Play  heard during playback, recording or both (when Click is
activated on the Transport panel).

Use Count If this option is activated, a field appears to the right where

Base you specify the “rhythm” of the metronome. Normally, the
metronome plays one click per beat, but setting this to e.g.
“1/8" gives you eighth notes — two clicks per beat. It is
also possible to create unusual metronome rhythms such
as triplets etc.

Precount Description

Options

Sets the number of bars the metronome will count in be-
fore it starts recording if precount is activated on the
Transport panel.

Precount Bars

Use Time
Signature at
Record Start
Time

When this is activated, the precount will automatically
use the time signature and tempo set at the position
where you start recording.

Recording



Precount Description
Options
Use Time When this is activated, the precount will be in the time

Signature at
Project Time

signature set on the tempo track. Furthermore, any
tempo changes on the tempo track during the precount
will be applied.

Use Signature  This lets you set a time signature for the precount. In this
mode, tempo changes on the tempo track will not affect

the precount.

MIDI Click Description

Activate MIDI Selects whether or not the metronome will sound via

Click MIDLI.

MIDI Port/ This is where you select a MIDI output and channel for the

Channel metronome click. Note that you can select a VST Instru-
ment previously set up in the VST Instruments window
from this menu, allowing you to use a VST Instrument
sound for the Metronome click.

Hi Note/ Sets the MIDI note number and velocity value for the

Velocity “high note” (the first beat in a bar).

Lo Note/ Sets the MIDI note number and velocity for the “low

Velocity notes” (the other beats).

Audio Click Description

Activate Selects whether or not the metronome will sound via the

Audio Click audio hardware.

Beeps When this is selected, the audio clicks will be beeps
generated by the program. Adjust the pitch and level of
the beeps for the “Hi” (first) beat and “Lo” (other) beats
using the sliders below.

Sounds When this is selected, you can click in the “Sound” fields

below to load any audio files for use as the “Hi" and “Lo”
metronome sounds. The sliders set the level of the click.

Lock and Unlock Record

During recording it can happen that you accidentally deac-
tivate the record mode, e.g. by pressing [Space]. In order to
prevent this, you can set up a key commands for this in the
Key Commands dialog. If you use the Lock Record key
command, the Record button will turn gray and the record
mode is locked until you use the Unlock Record key com-
mand or enter Stop mode.

= If Lock Record is activated and you want to enter Stop
mode (by clicking Stop or pressing [Space]), you will see a
dialog in which you need to confirm that you want to stop
recording. You can also use the Unlock Record key com-
mand first and then enter Stop mode as usual.

= By default, no key commands are assigned to these
functions. In the Key Commands dialog, you will find the
corresponding key command entries in the Transport cat-
egory (see the chapter “Key commands” on page 479 for
more information on how to set up key commands).

= These key commands are especially useful when com-
bined with other commands (e.g. with Record/Stop) using
the macro functions. That way you will receive powerful
macros that can greatly enhance your workflow.

= Note that an automatic punch-out at the right locator
position that you may have set on the transport panel, will
be ignored in Lock Record mode.

Remaining Record Time Display

The Remaining Record Time Display lets you see how
much time you have left for recording. The available time
depends on the current setup, for example, on the amount
of tracks that are record-enabled, your project setup (e.g.
the sample rate), and the amount of hard disk space avail-
able.

You can show and hide the display by using the Remain-
ing Record Time Display option on the Devices menu.

= The remaining record time is also shown in the status
bar below the Track list.

VANN you are storing your tracks on different drives (by
using individual record folders), the time display re-
fers to the medium with the least storage space
available.
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Recovery of audio recordings after
system failure

Normally, when a computer crashes, all changes made to
your current project since you last saved it will be lost. Usu-
ally, there is no quick and easy way to recover your work.

With Cubase, when your system crashes while you are re-
cording (because of a power cut or other mishap), you will
find that your recording is still available, from the moment
when you started recording to the time when your com-
puter crashed.

When you experience a computer crash during a record-
ing, simply relaunch the system and check the project
record folder (by default this is the Audio subfolder inside
the project folder). It should contain the audio file you
were recording at the time of the crash.

/N This feature does not constitute an “overall” guaran-
tee by Steinberg. While the program itself was im-
proved in such a way that audio recordings can be
recovered after a system failure, it is always possible
that a computer crash, power cut, etc. might have
damaged another component of the computer, mak-
ing it impossible to save or recover any of the data.

/N Please do not try to actively bring about this kind of
situation to test this feature. Although the internal
program processes have been improved to cope
with such situations, Steinberg cannot guarantee
that other parts of the computer are not damaged as
a consequence.
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Creating fades

There are two main types of fade-ins and fade-outs in au-
dio events in Cubase: fades created by using the fade
handles (see below) and fades created by processing
(see “Fades created by processing” on page 90).

Fades created by using the fade handles

Selected audio events have blue handles in the upper left
and right corners. These can be dragged to create a fade-
in or fade-out respectively.

Creating a fade-in. The fade is automatically reflected in the shape of
the event's waveform, giving you a visual feedback of the result when
you drag the fade handle.

Fades created with the handles are not applied to the au-
dio clip as such but calculated in realtime during playback.
This means that several events referring to the same audio
clip can have different fade curves. It also means that hav-
ing a huge number of fades may demand a lot of processor
power.

= If you select multiple events and drag the fade handles
on one of them, the same fade will be applied to all se-
lected events.

= A fade can be edited in the Fade dialog, as described
on the following pages.

You open the dialog by double-clicking in the area above the fade curve,
or by selecting the event and selecting “Open Fade Editor(s)” from the
Audio menu (note that this will open two dialogs if the event has both
fade-in and fade-out curves).

If you adjust the shape of the fade curve in the Fade dialog, this shape
will be maintained when you later adjust the length of a fade.

= You can make the fade longer or shorter at any time, by
dragging the handle.

You can actually do this even without selecting the event first, i.e. without
visible handles. Just move the mouse pointer along the fade curve until
the cursor turns into a bidirectional arrow, then click and drag.
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= If the option “Fade Handles always on Top” is activated
in the Preferences dialog (Event Display—Audio page), the
fade handles stay at the top of the event, and vertical help
lines indicate the exact end or start points of fades.

This is useful in situations where you want the event volume to be very
low, as this option allows you to still see the fade handles.

= If the option “Show Event Volume Curves Always” is ac-
tivated in the Preferences (Event Display—Audio page),
the fade curves will be shown in all events, regardless of
whether they are selected or not.

If the option is deactivated, the fade curves are shown in selected events
only.

= If the option “Thick Fade Lines” is activated in the Prefe-
rences dialog (Event Display—Audio page), the fade lines
and volume curve are thicker, increasing their visibility.

Ed
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Fade handles on top of the event and thicker fade and volume lines al-
low you to edit and view fades even in situations where event volume is
very low.

* When the option “Use Mouse Wheel for Event volume
and Fades” is activated in the Preferences dialog (Edit-
ing—Audio page), you can use the mouse wheel to move
the volume curve up or down. When you hold down [Shift]
while moving the mouse wheel, this will change the fade
curves. This is useful in situations where the fade handles
are not visible (e.g. because of a very high zoom factor).
When you position the mouse pointer somewhere in the left half of the
event, the fade in end point is moved. When the mouse pointer is in the
right half of the event, the fade out start point will move.

= You can set up key commands for changing the event
volume curve and any fade curves, if you do not want to
use the mouse for this.

You will find these commands in the Key Commands dialog, in the Audio
category. See “Key commands” on page 479.

= As an alternative to dragging the fade handles, you
can use the items “Fade In to Cursor” and “Fade Out to
Cursor” on the Audio menu to create fades (Cubase only).
Position the project cursor on an audio event where you want a fade in to
end or a fade out to begin, and select the appropriate option from the
Audio menu. A fade will then be created, ranging from the event's start or
end to the position of the cursor.
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Creating and adjusting fades with the Range Selection
tool

h_EI N Ry = S X | A

“Handle-type” fades can also be created and adjusted
with the Range Selection tool, in the following way:

1. Select a section of the audio event with the Range Se-
lection tool.
The result depends on your selection:

= If you select a range from the beginning of the event, a fade-in
will be created within the range.

= If you select a range that reaches the end of an event, a fade-
out will be created in the range.

* If you select a range encompassing a middle section of the
event, but not reaching neither the start nor the end, both a
fade-in and a fade-out will be created outside of the selected
range. In other words, the fade-in will cover the area from the
beginning of the event to the beginning of the selected range,
and the fade-out will cover the area from the end of the se-
lected range to the end of the event.

2. Pull down the Audio menu and select “Adjust Fades to
Range”.
The fade areas are adjusted according to the selection range.

/N You can select multiple audio events on separate
tracks with the Range Selection tool, and apply the
fade to all of them simultaneously.

About the volume handle

A selected audio event also has a blue handle in the top
middle. This is the volume handle, and it provides a quick
way of changing the volume of an event, directly in the
Project window. It is linked directly to the volume setting
on the info line, that is, dragging the volume handle also
changes the value on the info line.

The volume change is displayed numerically on the info line.

Drag the Volume han-
dle up or down to
change the volume of
the event.

Bass

The event waveform reflects the volume change.
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Removing fades

To remove the fades for an event, select the event and se-
lect “Remove Fades” from the Audio menu.

You can also use the Range Selection tool to remove
fades and crossfades within the selected range this way.

Fades created by processing

If you have selected an audio event or a section of an au-
dio event (using the Range Selection tool), you can apply
a fade-in or fade-out to the selection by using the “Fade
In" or “Fade Out” functions on the Process submenu on
the Audio menu. These functions open the corresponding
Fade dialog, allowing you to specify a fade curve.

/N Note that the length of the fade area is determined
by your selection. In other words, you specify the
length of the fade before you enter the Fade dialog.

/N Also note that you can select multiple events and ap-
ply the same processing to all of them simultaneously.

Fades created this way are applied to the audio clip rather
than to the event. Please note the following:

= Ifyou later create new events that refer to the same clip, these
will have the same fades.

* You can remove or modify the fades at any time using the Of-
fline Process History (see “The Offline Process History dialog”
on page 214).

If other events refer to the same audio clip, you will be
asked whether you want the processing to be applied to
these events or not.

= Continue will apply the processing to all events that refer to
the audio clip.

= New Version will create a separate, new version of the audio
clip for the selected event.

= You can also activate the option “Do not show this mes-
sage again”. Regardless of whether you then choose “Con-
tinue” or “New Version”, any further processing will conform
to the option you select.

You can change this setting at any time in the Preferences (Editing—Audio
page), under “On Processing Shared Clips”.
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The Fade dialogs

The Fade dialogs appear when you edit an existing fade or
use the “Fade In"/“Fade Out” functions on the Process
submenu on the Audio menu. The picture below shows
the Fade In dialog; the Fade Out dialog has identical set-
tings and features.

.<' Fade In: Bass -
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= If you open the Fade dialog(s) with several events se-
lected, you can adjust the fade curves for all these events
at the same time.

This is useful if you want to apply the same type of fade-in to more than
one event, etc.

Curve Kind

These buttons determine whether the fade curve should
consist of spline curve segments (left button), damped
spline segments (middle button) or linear segments (right
button).

Fade display

The Fade display shows the shape of the fade curve. The
resulting waveform shape is shown in dark gray, with the
current waveform shape in light gray.

You can click on the curve to add points, and click and
drag existing points to change the shape. To remove a
point from the curve, drag it outside the display.

Curve shape buttons

These buttons give you quick access to some common
curve shapes.

Restore button

al
The Restore button (to the right above the fade display) is
only available when editing fades made by dragging the

fade handles. Click this to cancel any changes you have
made since opening the dialog.

As Default button

The “As Default” button is only available when editing
fades made by dragging the fade handles. Click this to
store the current settings as the default fade. This shape
will be used whenever you create new fades.

Fade Length Value

The Fade Length Value is only available when editing fades
made by dragging the fade handles. It can be used to enter
fade lengths numerically. The format of values displayed
here are determined by the Primary Time Display in the
Transport Panel.

When you activate the “Apply Length” option, the value en-
tered in the Fade Length value field will be used when click-
ing “Apply” or “OK". This setting is deactivated by default.

When you set the current Fade as the Default fade, the
length value is included as part of the default settings.

Presets

If you have set up a fade in or fade out curve that you may
want to apply to other events or clips, you can store it as a
preset by clicking the Store button.

= To apply a stored preset, select it from the pop-up
menu.

= To rename the selected preset, double-click on the
name and type a new one.

= To remove a stored preset, select it from the pop-up
menu and click Remove.

/N Stored fade in presets will only appear in the Fade In
dialog, and fade out presets will only appear in the
Fade Out dialog.
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Preview, Apply and Process

The buttons in the bottom row are different depending on
whether you are editing a fade made with the fade handles
or applying a fade using processing:

[ Ok ][ Cancel ][ Apply ] [ Preview ]I Process l[ Cancel ]

The Edit Fade dialog The Process Fade dialog

The Edit Fade dialogs have the following buttons:

Button Function

OK Applies the set fade curve to the event, and closes the dialog.
Cancel Closes the dialog.

Apply Applies the set fade curve to the event, without closing the

dialog.

The Process Fade dialogs have the following buttons:

Button Function

Preview Plays back the fade area. Playback will repeat until you click
the button again (the button is labeled “Stop” during play-
back).

Process Applies the set fade curve to the clip, and closes the dialog.

Cancel Closes the dialog without applying any fade.

Creating crossfades

Overlapping audio material on the same track can be
crossfaded, for smooth transitions or special effects. You
create a crossfade by selecting two consecutive audio
events and selecting the Crossfade command on the Au-
dio menu (or by using the corresponding key command,
by default [X]). The result depends on whether the two
events overlap or not:

= If the events overlap, a crossfade is created in the over-
lapping area.

The crossfade will be of the default shape - initially a linear, symmetric
crossfade, but you can change this as described below.

Overlapping section

[z 1

= If the events do not overlap but are directly consecutive
(lined up end-to-start, with no gap) it is still possible to
crossfade them — provided that their respective audio
clips overlap! In this case, the two events are resized so
that they overlap, and a crossfade of the default length
and shape is applied.

The default crossfade length and shape are set in the Crossfade dialog
(see “Default buttons” on page 94).

An example:
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The events themselves do not overlap, but their clips do. Therefore, the
events can be resized so that they overlap, which is required for a cross-
fade to be created.

Audio clips

When you select the Crossfade function, the two events are resized so that
they overlap, and a default crossfade is created in the overlapping section.
= If the events do not overlap, and cannot be resized
enough to overlap, a crossfade cannot be created.

= Cubase only: You can specify the length of the cross-
fade using the Range Selection tool: make a selection
range covering the desired crossfade area and use the
Crossfade command.

The crossfade is applied in the selected range (provided that the events
or their clips overlap, as described above). You can also make a selec-
tion range after creating the crossfade and use the function “Adjust
fades to Range” on the Audio menu.
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= Once you have created a crossfade, you can edit it by
selecting one or both crossfaded events, and selecting
“Crossfade” from the Audio menu again (or by double-
clicking in the crossfade zone).

This opens the Crossfade dialog, see below.

Removing crossfades

To remove a crossfade, proceed as follows:

= Select the events and select “Remove Fades” from the
Audio menu.

You can also use the Range Selection tool: drag the Range Selection
tool so that the selection encloses all the fades and crossfades you wish
to remove, and select “Remove Fades” from the Audio menu.

* You can also remove a crossfade by clicking and drag-
ging it outside the track.

The Crossfade dialog

(' Crossfade: Take 1 (Elec Guitar_01) -> Take 1 (Elec Guitar_01)

The Crossfade dialog contains separate, but identical,
sections for the fade-in and fade-out curve settings in the
crossfade on the left, and common settings on the right.

Fade Displays

Shows the shape of the fade-out and fade-in curve, re-
spectively. You can click on the curve to add points, and
click and drag existing points to change the shape. To re-
move a point from the curve, drag it outside the display.

Curve kind buttons

These buttons determine whether the corresponding fade
curve should consist of spline curve segments (left but-
ton), damped spline segments (middle button) or linear
segments (right button).

Curve shape buttons

These buttons give you quick access to some common
curve shapes.

Equal Power and Gain

= If you activate the “Equal Gain" checkbox, the fade
curves are adjusted so that the summed fade-in and fade-
out amplitudes will be the same all along the crossfade
region. This is often suitable for short crossfades.

= If you activate the “Equal Power” checkbox, the fade
curves are adjusted, so that the energy (power) of the
crossfade will be constant all along the crossfade region.

/N Equal Power curves have only one editable curve
point. You cannot use the Curve kind buttons or the
presets when this mode is selected.

Play buttons

= The “Play Fade Out” and “Play Fade In" buttons allow
you to audition the fade-out or fade-in part only, without
the crossfade.

= The “Play Crossfade” button plays back the whole
crossfade.

You can also use the Transport panel controls to play back
the crossfaded audio events. However, that method will
play back all unmuted audio events on other tracks as well.

Pre-roll and Post-roll

When auditioning with the Play buttons, you can choose
to activate pre-roll and/or post-roll. Pre-roll lets you start
playback before the fade area, and post-roll lets you stop
playback after the fade area. This can be useful for audi-
tioning the fade in a context.

= To specify how long the pre-roll and post-roll should be,
click in the time fields and enter the desired time (in sec-
onds and milliseconds).

= To activate pre-roll and post-roll, click the respective
button. To deactivate it, click the button again.
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Length settings

You can adjust the length of the crossfade area numeri-
cally in the “Length” field. If possible, the length change
will be applied equally to “both sides” of the crossfade
(i.e. Cubase tries to “center” the crossfade).

A To be able to resize a crossfade this way, it must be
possible to resize the corresponding event. For ex-
ample, if the left crossfaded event already plays its
audio clip to the end, its endpoint cannot be moved
any further to the right.

Presets

If you have set up a crossfade shape that you may want to
apply to other events, you can store it as a preset by click-
ing the Store button.

= To apply a stored preset, select it from the pop-up menu.

= To rename the selected preset, double-click on the
name and type in a new one.

= To remove a stored preset, select it from the pop-up
menu and click Remove.

Default buttons

= Clicking the “As Default” button stores all of the current
settings as the default crossfade. These settings will then
be used whenever you create new crossfades.

= The Crossfade Length setting is included in the Default
settings. However, it is only applied if the events to be
crossfaded do not overlap, otherwise the crossfade will be
in the overlap area (see “Creating crossfades” on page 92).

= Clicking the “Recall Default” button copies the curves
and settings of the Default crossfade to the Crossfade
dialog.
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Auto Fades and Crossfades

Cubase features an Auto Fade function that can be set
both globally, i.e. for the entire project, and separately for
each audio track. The idea behind the Auto Fade function
is to create smoother transitions between events by ap-
plying short (1-500ms) fade-ins and fade-outs.

/\  As mentioned earlier, fades are calculated in realtime
during playback. This means that the larger the num-
ber of audio tracks with Auto Fades activated in a
project, the higher the demands on the processor.

/N Note that auto fades are not indicated by the fade
lines!

Making global Auto Fade settings

1. To make Auto Fades settings globally for the project,
select “Auto Fades Settings..."” from the Project menu.
This opens the Auto Fades dialog for the project.

(' Auto Fades - Project: Mixing 1-01.cpr y
Fades | Crosstades Length

|7l erverina Fade In : i:: ::::;m

M futo Ciossfades
AU
N e Fade Out

Use Praject Settings
,,,,,,,,
NN NN NN RN -

2. Use the checkboxes in the upper right corner to acti-
vate or deactivate Auto Fade In, Auto Fade Out and Auto
Crossfades, respectively.

3. Use the Length value field to specify the length of the
Auto Fade or Crossfade (1-500ms).

4. To adjust the shapes of Auto Fade In and Auto Fade
Out, select the “Fades” tab and make settings as in the
regular Fade dialogs.

5. To adjust the shape of the Auto Crossfade, select the
“Crossfades” tab and make settings as in the regular
Crossfade dialog.

Fades, crossfades and envelopes



6. If you want to use the settings you have made in future
projects, click the “As Default” button.
The next time you create a new project, it will use these settings by default.

7. Click OK to close the dialog.

Making Auto Fade settings for a separate track

By default, all audio tracks will use the settings you have
made in the project’s Auto Fades dialog. However, since
Auto Fades use computing power, a better approach may
be to turn Auto Fades off globally and activate them for in-
dividual tracks, as needed:

1. Right-click the track in the Track list and select “Auto
Fades Settings..."” from the context menu (or select the
track and click the “Auto Fades Settings” button in the In-
spector).

The Auto Fades dialog for the track opens. This is identical to the project's
Auto Fades dialog, with the addition of a “Use Project Settings” option.

2. Deactivate the “Use Project Settings” option.
Now, any settings you make will be applied to the track only.

3. Set up the Auto Fades as desired and close the dialog.

Reverting to project settings

If you want a track to use the global Auto Fade settings,
open the Auto Fades dialog for the track and activate the
“Use Project Settings” checkbox.

Event Envelopes

An envelope is a volume curve for an audio event. It is sim-
ilar to the realtime fades, but allows you to create volume
changes within the event, not only at the start or end. To
create an envelope for an audio event, proceed as follows:

1. Zoom in on the event so that you can view its waveform
properly.

2. Select the Pencil tool.
When you move the Pencil tool over an audio event, a small volume curve
symbol is shown next to the tool.

3. To add an envelope point, click in the event with the
Pencil tool.
A blue envelope curve and a curve point appear.

4. Drag the curve point to adjust the envelope shape.
The waveform image reflects the volume curve.

* You can add as many curve points as you like.

= To remove a curve point from the envelope, click on it
and drag it outside the event.

= The envelope curve is a part of the audio event — it will
follow when you move or copy the event.

After copying an event with an envelope, you can make independent ad-
justments to the envelopes in the original event and the copy.

= ltis also possible to apply an envelope to the audio
clip using the Envelope function on the Process submenu
on the Audio menu.

See “Envelope” on page 206.

= To remove an event envelope curve from a selected
event, open the Audio menu and select the Remove
Volume Curve option.

Fades, crossfades and envelopes
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Introduction

The Arranger track allows you to work with sections of
your project in a non-linear fashion, to simplify arranging to
the maximum extent. Instead of moving, copying and past-
ing events in the Project window to create a linear project,
you can define how different sections are to be played
back, like a playlist.

For this, you can define arranger events, order them in a list,
and add repeats as desired. This offers a different and more
pattern-oriented way of working, which complements the
usual linear editing methods in the Project window.

You can create several Arranger chains, making it possi-
ble to store different versions of a song within the project
without sacrificing the original version. When you have
created an Arranger chain that you like, you have the op-
tion of “flattening” the list, which creates a normal linear
project based on the Arranger chain.

You can also use the Arranger track for live performances
on the stage, in clubs or at parties.

Setting up the Arranger track

Let's say you have prepared a number of audio files that
form the base of a typical pop song, with introduction,
verse, chorus and bridge. Now you want to arrange these
files.

The first step is to create an Arranger track. On the Arran-
ger track, you define specific sections of the project by cre-
ating arranger events. These can be of any length, may
overlap and are not bound to the start or end of existing
events and parts. Proceed as follows:

1. Open the project for which you want to create arranger
events.

2. Open the Project menu and select “Arranger” from the
Add Track submenu (or right-click in the Track list and se-
lect Add Arranger track).

An Arranger track is added. There can be only one Arranger track in a
project, but you can set up more than one Arranger chain for this track,
see “Managing Arranger chains” on page 99.
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3. On the Project window toolbar, make sure that Snap
is activated, and that the Grid resolution is set to a mode
that allows your arranger events to snap to appropriate
positions in the project.

k]

Snap to events is activated, i.e. when drawing in the Project window,
new events will snap to existing events.

—_
—

4. On the Arranger track, use the Pencil tool to draw an
event of the desired length.

An Arranger event is added, called “A” by default. Any following events
will be named in alphabetical order.

* You can rename an Arranger event by selecting it and
changing its name in the Project window info line or by
holding down [Alt]/[Option], double-clicking on the name
in the Arranger chain (see below) and entering a new
name.

You may want to name your arranger events according to the structure of
your project, e.g. Verse, Chorus etc.

5. Create as many events as you need for your project.

Elec Guitar

Guitar 2

Strings

Drums

In this example, arranger events have been created that correspond to a
classic pop song structure. Note how there is no realtime line in the
project: the music sequence is determined by the arranger events.
Events can be moved, resized and deleted using the stan-
dard techniques. Please note:

= If you want to change the length of an event, select the
Arrow tool and click and drag the lower corners of the
event in the desired direction.

= If you copy an Arranger event (by [Alt]/[Option]-drag-
ging or by using copy/paste), a new event will be created
with the same name as the original.

However, this new event will be totally independent from the original event.

= Double-clicking on an arranger event adds it to the cur-
rent Arranger chain.

The Arranger track



Working with arranger events

You now have a number of arranger events that form the
basic building blocks for your arrangement. The next step
is to arrange these events using the functions of the Ar-
ranger Editor.

Creating an Arranger chain

You can set up an Arranger chain in the Arranger Editor or
in the Inspector for the Arranger track. The Arranger Editor
is opened by clicking the “e” button in the Inspector or in
the Track list.

Click the “e”
button...

...to open the Arranger Editor.

€ Arranger Edi =

To the right in the Arranger Editor, the available arranger
events are listed, in the order they appear on the time line.
To the left you find the actual Arranger chain, which shows
in which order the events will be played back, from top to
bottom, and how many times they should be repeated.

Initially the Arranger chain will be empty — you set up the
Arranger chain by adding events from the right list to the
Arranger chain. There are several ways to add events to

the Arranger chain.

= Double-clicking on the name of an event in the window
section on the right (or in the project window).

When an event is selected in the Arranger chain on the left, this will add
the event above the selected event. When no events are selected in the
Arranger chain, the event will be added at the end of the list.

= By selecting one or more events in the right list, right-
clicking and selecting “Append Selected In Arranger
Chain”.

This will add the selected events at the end of the list.

= By dragging and dropping arranger events from the

right list to the left list.
A blue insertion line shows you where the dragged event will end up.

Current Arranger Chain
> . Name Repeats | M | Counter Duration > Name
Intra 1 1 e Intra

2
. Verse 1 - Verse

l Chorus 1

%3 Bridge

Here, the Verse event is dragged into the Arranger chain and placed af-
ter the first chorus.

= By dragging arranger events from the Project window
into the Arranger chain.

If you followed our example, you should now have arranger
events arranged in a very basic pop song pattern. How-
ever, we have used audio files that are only a few bars
long — to turn our pattern into a “song” (or at least into a
basic sketch of the song structure), these files must be
looped. This is where the Repeats function comes in.

If you want an event to repeat several times, proceed as
follows:

= Click in the Repeats field for an event, type in the de-
sired number of repeats and press [Enter].

When playing back the Arranger chain, the Counter column indicates
which repeat of this event is currently playing.

Current Srranger Chain

> - Mame Repeats | M | Counter Diuratio
3 ] ~
- Werse g
- Chorus 4
- Werse 4
B idge 4
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= Click in the Mode field for an event and select the de-
sired repeat mode.

Option Button Description

Normal In this mode, the Arranger chain will be played
back just as you set it up.

Repeat In this mode, the current Arranger event will be re-

forever peated in a loop until you either click on another

event in the Arranger Editor or press play once
again.

Pause after
Repeats

In this mode, the playback of the Arranger chain
will be stopped after having played back all re-
peats of the current Arranger event.

When you now play back the Arranger chain, you will hear
the complete arrangement. Proceed as follows:

1. Make sure that Arranger mode is activated.
When Arranger mode is activated, the project will be played back using
the Arranger settings.

(‘ Arranger Editor

(O] > IﬂEi
. Ul Nma Chain -

2. Position the Arranger Editor window so that you can
see the Arranger track in the Project window, and click in
the arrow column for the event at the top of the list so that
the arrow becomes blue.

You should see the project cursor jump to the beginning of the first event
specified in the Arranger chain.

3. Activate playback, either from the Arranger Editor or
on the Transport panel.
The events are played back in the specified order.

Editing the Arranger chain
In the Arranger chain on the left, you can do the following:

= Select multiple events by [Ctrl]/[Command]-clicking or
[Shift]-clicking as usual.

* Drag events to move them in the list.

= Drag events while holding [Alt]/[Option] to create cop-
ies of the selected items.

The insert location for both move and copy operations is indicated by a
blue or red line in the list. A blue line indicates that the move or copy is

possible; a red line indicates that if the current position were to be used,
a move or copy is not allowed.

= Use the Repeats column to specify how many times
each event should be repeated.

= Click the arrow to the left of an event in the Arranger
chain to move the playback position to the start of that
event.

= To remove an event from the list, right-click on it and se-
lect “Remove Touched” from the context menu. To remove
several events, select them, right-click and select “Re-
move Selected”.

Navigating

To navigate between arranger events, you use the Arran-
ger transport buttons:

Previous chain step First repeat of current chain step

A K t_=]

Next chain step /

These controls are available in the Arranger Editor, on the
Project window toolbar, and on the Transport panel.

Last repeat of current chain step

In the Arranger Editor, the event that is currently played
back is indicated by an arrow in the leftmost column, and
the indicators in the Counter column.

Managing Arranger chains

You can create several Arranger chains. This way, you can
create alternative versions for playback. In the Arranger
Editor, the toolbar buttons on the right are used for this:

Button

0

Description

Click this to rename the current Arranger chain.

Creates a new, empty Arranger chain.

'™
|
e Creates a duplicate of the current Arranger chain, containing
|._'|:| the same events.
— Removes the currently selected Arranger chain. Only avail-
able if you have created more than one Arranger chain.

The Arranger track



= In the Inspector, these functions are accessed from the
Arranger pop-up menu (opened by clicking on the Arran-
ger name field).

The Arranger chains you create will be listed on the Name
pop-up menu, found in the Arranger Editor to the left of
the buttons, at the top of the Arranger track Inspector, and
in the Track list. Please note that to be able to select an-
other Arranger chain from the pop-up menu, the Arranger
mode must be activated.

Flattening the Arranger chain

When you have found an Arranger chain that suits your pur-
poses, you can “flatten” it, i.e. convert the list into a linear
project. Proceed as follows:

1. Click the Flatten button (or select Flatten Chain from
the pop-up menu in the Inspector for the Arranger track).
The events and parts in the project are reordered, repeated, resized,
moved and/or deleted (if these are not within the boundaries of any used
Arranger event), so that they correspond exactly to the Arranger chain.

The Flatten button

2. Activate Playback.
The project will now play back exactly as in Arranger mode, but you can
view it and work with it as usual.

AN Flattening the Arranger chain may remove events
and parts from the project. Only use the Flatten func-
tion when you know you do not want to edit the Ar-
ranger track/chain any more. If in doubt, save a copy
of the project before flattening the Arranger chain.

Flattening options

Sometimes it might be useful to keep the original Arranger
events even after flattening the Arranger track. By using
flattening options you can define which chain should be
flattened, where it should be stored and how it should be
named together with other options.

1.

Click the Flattening options button.

oy Flatten (with Options & Preterences)
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2. In the window that appears, select the desired options.

< Arranger Editor

(0> WAlviicpif-=]

Arrsnger Chein 1

Source Destination Opions’

Keep Arrange Trask.
M Fename Aranger Events
M Make Real Event Copies
I Don?SplitEvents
OpenNew Projects
Cascads New Projects

@ Curent Chain
© Checked Chains
@ AlChains

v Autange: Chain 1 Current Project
« Auranger Chain 2 New Project
O #ppend Chain Name
@ Use Chain Name.
@ Add Number

GoBack Flatten

In the Source section you can specify which Arranger
chain should be flattened. The available options are:

Option Description

Current Chain If you activate this option, only the current chain will be
flattened.

Checked If you activate this option, you can select the arranger

Chains... chains you want to flatten in the list to the left.

All Chains If you activate this option, all arranger chains of the

current project will be flattened.

The Destination section allows you to choose where the
result of the flattening should be saved. The available op-
tions are:

Option Description

Current This is only available if you have selected “Current Chain” as

Project Source. If you activate this option, the result of the flattening
of the current chain will be saved in the current project.

New If you activate this option, you can flatten one or several

Project chains in a new project. In this case it might be useful to use

naming options. If you activate “Append Chain Name”, the
Chain Names will be appended in brackets to the project
name. If you activate “Use Chain Name”, the new projects
will have the name of the current Arranger chains. If you ac-
tivate “Add Number”, the new projects will be named like the
old ones and a number will be appended in brackets.

In the Options section you can make further settings. The
available options are:

Option Description

Keep Arranger
Track

If you activate this option, the Arranger Track will be kept
when flattening the Arranger chain. Activate “Rename
Arranger Events” to append a number to the events, ac-
cording to their use. If e.g. you use Arranger event “A”
two times, the first occurrence will be renamed “A 1" and
the second “A 2".

Make Real
Event Copies

Normally, you will get shared copies when flattening the
Arranger track. If you activate this option, real copies will
be created instead.

The Arranger track



Option Description

Don't Split If this option is activated, MIDI notes that start before or

Events are longer than the Arranger event will not be included.
Only MIDI notes that begin and end inside the Arranger
event boundaries will be taken into account.

Open New If you activate this option, a new project will be created

Projects for every flattened Arranger chain. If you activate the op-

tion “Cascade New Projects” the opened projects will
be cascaded.

3. You can now flatten the Arranger track by clicking the
Flatten button.

If you realize that you want to do further arrangements, you can click the
“Go Back” button and make your adjustments. Your Flattening settings
will be kept.

4. Click the “Go Back” button to go back to the Arranger
Editor or close the window by clicking its Close button.

Live Mode

If you have set up an Arranger track and play it back, you
have also the possibility to influence the playback order
“live". Note that the Arranger mode has to be activated to
be able to use the Live mode.

1. Add an Arranger track by selecting “Arranger” from the
Add Track submenu of the Project menu.

2. Create the desired Arranger events by drawing with
the Pencil tool on Arranger track.

3. Set up an Arranger chain in the Inspector for the Ar-
ranger track or in the Arranger Editor, activate the Arran-
ger mode and play back your project.

Now you can use your Arranger events listed in the lower
section of the Arranger track Inspector to play back your
project in Live Mode:

4. Switch into Live mode by clicking on the little arrow in
the lower list of the Arranger track Inspector to the left of
the Arranger event you want to trigger.

The Arranger event will be looped endlessly, until you click on another Ar-
ranger event. This might be useful, if you want to loop e.g. a guitar solo with
a flexible length.

* You can stop Live mode by clicking the Stop button or
go back to “normal” playback in Arranger mode by clicking
on any arranger event in the upper list.

In the latter case, playback will be continued from the arranger event where
you clicked. The “Select grid” pop-up menu will always be taken into ac-
count. When the grid is set to “1 Bar” and you click the Stop button e.g.,
playback will be stopped after the next bar.

Arranger Track

- Bridge

- Werse
- Charus
- EBridge

The active Arranger event will be played back as long as
defined before jumping to the next.

Option Description
None

4 bars,
2 bars

Jumps to the next section immediately.

When one of these modes is selected, a grid of 4 or 2 bars (de-
pending on the setting) will be placed on the active Arranger
event. Whenever the respective grid line is reached, playback
will jump to the next Arranger event. An example:

Let's say you have an Arranger event which is 8 bars long and
the grid is set to 4 bars. When the cursor is anywhere within the
first 4 bars of the Arranger event when you hit the next Arranger
event, playback will jump to the next event when the end of the
fourth bar of the Arranger event is reached. When the cursor is
anywhere within the last 4 bars of the Arranger event, playback
will jump to the next event at the end of the event.

When an event is shorter than 4 (or 2) bars when this mode is
selected, playback will jump to the next section at the event end.

1 bar
1 beat

Jumps to the next section at the next bar line.
Jumps to the next section at the next beat.

End Plays the current section to the end, then jumps to the next sec-
tion.

The Arranger track



Arranging your music to video

The relative time of your Arranger track can be taken as a
reference instead of the project time. This is useful, if you
want to use the Arranger track to compose music for
video and fill e.g. a specific video section with music, by
repeating the corresponding number of Arranger events.

If you position your external sync master device to a posi-
tion that does not match the Project Start time, Cubase
will jump automatically to the right position in the Arranger
track and will start playback from there, i.e. the correct rel-
ative position and not the absolute project time will be
found. The reference for the external timecode can be
MIDI or any other Timecode that can be interpreted/read
by Cubase.

An example:

1. Set up a project with a MIDI track and three MIDI parts.
The first should start at position 00:00:00:00 and end at
position 00:01:00:00, the second should start at position
00:01:00:00 and end at position 00:02:00:00 and the
third should start at position 00:02:00:00 and end at po-
sition 00:03:00:00.

2. Activate the Sync button on the Transport panel.

3. Add an Arranger track and create Arranger events that
match the MIDI parts.

4. Set up the Arranger chain “A-A-B-B-C-C", activate
the Arranger mode and play back your project.

5. Start external Timecode at position 00:00:10:00
(within the range of “A").

In your project, the position 00:00:10:00 will be located and you will hear
“A" playing. Nothing special!

Now, let's see what happens if your external sync master
device starts at a position that does not match the Project
Start time:

6. Start at 00:01:10:00 (within the range of what origi-
nally was “B").

In your project, the position 00:01:10:00 will be located and you will hear
“A" playing, because it plays twice in the Arranger track.

7. Start external Timecode at position 00:02:10:00
(within the range of what originally was “C").

In your project, the position 00:02:10:00 will be located and you will hear
“B" playing, because it plays “later” in the Arranger track.

= If the Arranger mode is not activated or no Arranger
track exists, Cubase will work as usual.
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Introduction

Cubase offers transpose functions for audio, MIDI and in-
strument parts and for audio events. These allow you to
create variations of your music or change the harmonics of
an entire project or separate sections.

Transpose can be applied on three levels:

= On the entire project

By changing the project Root Key in the Project window toolbar, the
whole project will be transposed (see “Transposing an entire project with
the Root Key" on page 104).

= On sections of the project

By creating Transpose events on the Transpose track, you can set trans-
pose values for separate sections of your project (see “Transposing sep-
arate sections of a project using Transpose events” on page 106).

= On individual parts or events

By selecting individual parts or events and changing their transpose
value in the info line, you can transpose individual parts or events (see
“Transposing individual parts or events using the info line" on page 106).

/\ The transpose functions do not change the actual
MIDI notes or the audio, but only affect the playback.

Apart from the transpose features described in this chap-
ter, you can also transpose all MIDI notes on the selected
track using the MIDI modifiers (see “Transpose” on page
308), selected notes using the Transpose dialog (see
“Transpose” on page 330), and MIDI tracks using MIDI ef-
fects (see the separate manual “Plug-in Reference”).

Transposing your music

In the following sections we will describe the different
possibilities of transposing your music. Note that these
can also be combined. However, we recommend you to
set the root key first, before recording or changing trans-
pose values on the transpose track.

/N Asa general rule, you should always set the root key
first when you work with content with a defined root
key.
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Transposing an entire project with the Root Key

The root key you specify for a project will be the reference
that audio or MIDI events in your project will follow. You can
however exclude separate parts or events from being trans-
posed, e.g. drums or percussion (see “The Global Trans-
pose setting” on page 107).

Depending on whether you are using events which already
contain root key information or not, the procedures differ
slightly.

If the events already contain root key information

Let's say you want to create a project based on loops.
Proceed as follows:

1. Open the MediaBay and drag some loops into an emp-
ty project, see “Browsing for media files” on page 276.
For this example, import audio loops with different root keys.

2. Now, open the Root Key pop-up menu in the Project
window toolbar and set the project root key.

The entire project will be played back with this root key. Note that by de-
fault, the project root key is not specified (“-").

=
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A loop-based project with different event root keys

The separate loops will be transposed in order to match
the project root key. If you e.g. have imported a bass loop
in C and the project root key is set to E, the bass loop will
be transposed up by 4 semitones.

The Transpose functions



3. Now (with the root key set), record audio or MIDI.
The recorded events will get the project root key.

4. When you are done and satisfied with the result, you
can change the project root key and your events will follow.

YANNi you work with drums or percussion, you should ex-
clude these from being transposed by setting the
“Global Transpose” setting on the info line to “Inde-
pendent” (see “The Global Transpose setting” on
page 107).

If the events do not contain root key information

Let's say you have created a project by recording audio
and importing some MIDI loops, and you want to match
the root key of the whole project to the register of a certain
singer.

Proceed as follows:

1. Inyour project, open the Project menu and select
“Transpose” from the Add Track submenu (or right-click in
the Track list and select “Add Transpose Track”) to add the
Transpose track.

You can only have one Transpose track in a project.

2. Set the project to the desired root key by selecting the
corresponding option from the Root Key pop-up in the
Project window toolbar.

3. Right-click in the Track list for the Transpose track and
select “Set root key for unassigned events” from the con-
text menu.

This sets the project root key for all parts or events not containing any
root key information. This option is only available, if a project root key has
been set.

Add Track

Select All Events
Remove Selected Tracks

Set root key for unassigned events

YANNi you work with drums or percussion, you should ex-
clude these from being transposed by setting the
“Global Transpose” setting on the info line to “Inde-
pendent” (see “The Global Transpose setting” on
page 107).
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Recording with a project root key

Let's say that you want to record a guitar line for a project
that is in D# minor, but your guitar player prefers to play in
A minor. In this case, change the project root key to A, so
that you can record your guitar. Proceed as follows:

1. Open your project and set the project root key to A.
All parts and events will be transposed in order to match the root key.

2. Listen to your project and verify that no drums and
percussions have been transposed.

If drums have been transposed, select them and set their Global Trans-
pose setting to “Independent”.

3. Record your guitar line as desired.

4. When you are done and satisfied with the result, you
can change the project root key back to D# minor and
your events will follow.

/N For recorded audio events and MIDI parts, the “Global
Transpose” setting on the info line is automatically set
to “Follow”, i.e. the events or parts will get the project
root key.

Changing the Root key of single events or parts

If you want to check if an audio event or part has root key
information or if you want to change it, proceed as follows:

1. Open the Pool and display the Key column by select-
ing “Root Key” from the “View/Attributes” pop-up menu in
the Pool.

€ Pool - Untitledt

D Audio |

o 48 loop_11 1

An audio event with the root key set to “C"

2. Click in the Root Key column for the desired audio
event and set the key according to your needs.
You can also check and assign Root Keys in the MediaBay.

= If you change the root key of an audio part or event,
the corresponding audio file will not change. To save the
Root Key setting in the audio file, you have to use the
“Bounce Selection” function from the Audio menu.
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To check or change the root key setting of a MIDI part,
proceed as follows:

1. Select your MIDI part in the Project window and check
the Project window info line.

A MIDI part with the root key set to “D”

2. Click on the root key value in the info line to open the
corresponding pop-up menu and select the desired root
key.

VAN you change the project root key after setting the
event root key, the events will keep their own root key
settings, and will be transposed to match the project
root key. If you record an audio or a MIDI part and the
project root key is specified, this root key is automat-
ically set.

Transposing separate sections of a project
using Transpose events

Sometimes you may want to transpose only certain sec-
tions of your project, e.g. to create harmonic variations.
This can be done by creating transpose events. Trans-
pose events allow you to add a relative transpose offset by
specifying transpose values in semitones. You can e.g.
brighten up your loops in C major by transposing them by
5 semitones, so that the subdominant on F major is played
back, or you can turn your hit more interesting by trans-
posing the last chorus one semitone upwards.

1. Inyour project, open the Project menu and select
Transpose from the Add Track submenu (or right-click in
the Track list and select “Add Transpose Track”) to add the
Transpose track.

You can only have one Transpose track in a project.

2. Select the Pencil tool from the toolbar and click in the
Transpose track to create a transpose event.

A transpose event will be created from the point where you clicked until
the end of the project.
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3. To create another transpose event, click with the pen-
cil tool on the first transpose event.
By default, the transpose value of new transpose events is set to 0.

[ 'm | s | Audic 01
—Y

o E Pause Loop 01
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You can add more transpose events by clicking with the pencil tool.

4. Click in the transpose value field and enter the trans-
pose value for the transpose event.

You can enter the desired value with the computer keyboard, use the
mouse wheel or [Alt]/[Option]-click on the transpose value to open a
value fader. You can specify values between -24 and 24 semitones.

5. Play back your project.
The parts of your project on the same position as the transpose events
will be transposed according to the specified transpose values.

= You can also transpose the whole project using the
transpose track. This is useful e.g. if your singer does not
reach a certain pitch. In this case you can transpose your
whole project by e.g. -2 semitones. Always remember to
verify that the “Global Transpose” setting for drums and
percussion is set to “Independent” on the info line (see
“The Global Transpose setting” on page 107).

You can erase and move transpose events, but you can-
not mute, cut or glue them. The option “Locators to Selec-
tion” does not apply on transpose events.

Transposing individual parts or events using
the info line

You can also transpose individual audio and MIDI parts and
events via the Info line (or the Inspector). This transposition
will be added to the global transposition (i.e. the root key or
the transpose events). Proceed as follows:

1.

2. In the Project window info line, adjust the Transpose
value as desired.

Select the event that you want to transpose.

= A global transpose change will not overwrite individual
part or event transpose, but will be added to the trans-
pose value for the part or event. In this case, it might be
useful to keep the transposition within the octave range
(see “Keep Transpose in Octave Range” on page 108).
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Other functions

Indicate Transpositions

When you transpose your music, you may sometimes
want to visually compare the original sounds and the
transposed music. For MIDI parts, you can check this by
opening the Key Editor and clicking the “Indicate Transpo-
sitions” button. This will help you see how your MIDI notes
will be transposed. If the button is activated, the Key Edi-
tor will show the note pitch you will hear, if it is deacti-
vated, the Key Editor shows the original pitch of the notes
in your MIDI part. By default, the “Indicate Transpositions”
button is deactivated.

[B][=] ]

¢ Key Editor: MIDI 01
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A MIDI part as originally recorded

K3

Key Editor: MIDI 01

When you activate “Indicate Transpositions” you will see how your MIDI
part will be transposed.
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The Global Transpose setting

If you are working with drum and percussion loops or spe-
cial effects (FX) loops, you will want to exclude these from
being transposed. This can be achieved by locking them
using the Global Transpose setting. Proceed as follows:

1. Open your project.

2. Select the desired event or part and set the “Globall
Transpose” setting on the info line to “Independent”.

A symbol will be displayed in the lower right corner of the selected part
or event, indicating that it will not be transposed neither by changing the
root key nor by specifying transpose events.

If Global Transpose is set to Independent, the selected part will not be
transposed.

3. You can now change the project root key.

The “Independent” parts or events will not be affected by the root key
changes.

= If you import ready-made parts or events that are
tagged drums or FX, Global Transpose will be automatically
set to Independent.

If you record audio or MIDI, Global Transpose will be set to
“Independent”, provided that the transpose track exists and
you have specified at least one transpose event (even when
the transpose value is not defined). In this case, your re-
cording will sound exactly the way you played it. The trans-
pose events will not be taken into account during recording
and the recorded event will not get the project root key.
Have a look at the following example:

1. Set up a project with the root key in C.

2. Add a transpose track and enter transpose events
with the values 0, 5, 7 and 0.

3. Record some chords with your MIDI keyboard. For our
example, record C, F, G and C.

The transpose events are not taken into account and the
result of your recording will be C, F, G and C. No root key
will be set.

= Recorded events are “independent” from Global
Transpose.
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If no transpose track exists or if no transpose event has
been added, Global Transpose will be set to Follow.

If Global Transpose is set to Follow, the selected part will
follow all global transpositions.

Locking the Transpose track

If you want to prevent your transpose events from being
changed by mistake, activate the Lock button on the
transpose track. This way, you will not be able to move
your transpose events or change their transpose values.

Muting transpose events

Sometimes it might be useful to disable the transpose
track, e.g. to hear the original sound of individual tracks. If
you activate the mute button on the transpose track, your
transpose events will not be taken into account during
playback.

Keep Transpose in Octave Range

The “Keep Transpose in Octave Range” button on the
transpose track (the button with an up and down arrow in
brackets) keeps the transposition in the octave range. This
option is activated by default. This way, nothing will be
transposed by more than seven semitones. This ensures
that your music never sounds unnatural because the pitch
was raised too high or too low.

To understand the principle behind this, follow the exam-
ple below:

1. Create a MIDI part, enter a C major chord, open the Key
Editor and activate “Indicate Transpositions”.

This way you can observe and understand what happens when you
change the transposition.

2. Add atranspose track and create a transpose event.
By default, the transpose value is set to 0.

RN (][]

DI 01
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¢ Key Editor: MIDI 01

3. Make sure that the “Keep Transpose in Octave
Range” button is activated on the transpose track and
change the transpose value of the transpose event to 7.
Your chord will be transposed accordingly.
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If you enter a transpose value of 7, your chord will be transposed by
seven semitones upwards. In this example, this would be G3/B3/D4.

4. Set the transpose value to 8 semitones.

As “Keep Transpose in Octave Range” is activated, your chord will now
be transposed to the nearest interval or pitch.

0 o
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«* Key Editor: MIDI 01

Your chord has been transposed to the nearest pitch, this results in
G#2/C3/D#3.

AN\ i you mainly work with audio loops, we recommend
activating “Keep Transpose in Octave Range”.
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About this chapter

¢ Mixer

Audio 01

Audio 03

Audio 04

The picture shows an extended mixer (see “Normal vs. Extended channel strips” on page 112).

This chapter contains detailed information about the ele-
ments used when mixing audio and MIDI, and the various
ways you can configure the mixer.

Some mixer-related features are not described in this
chapter. These are the following:

= Setting up and using audio effects.
See the chapter “Audio effects” on page 150.

= Setting up and using MIDI effects.
See the chapter “MIDI realtime parameters and effects” on page 305.

= Surround Sound (Cubase only).
See the chapter “Surround sound (Cubase only)" on page 180.

= Automation of all mixer parameters.
See the chapter “Automation” on page 188.

= How to mix down several audio tracks (complete with
automation and effects if you wish) to a single audio file.
See the chapter “Export Audio Mixdown” on page 419.
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Overview

The mixer offers a common environment for controlling
levels, pan, solo/mute status etc. for both audio and MIDI
channels.

Opening the mixer
The mixer can be opened in several ways:
= By selecting Mixer from the Devices menu.

= By clicking the Mixer icon on the toolbar.

= By using a key command (by default [F3]).

= By clicking the Mixer button in the Devices panel.
You open the Devices panel by selecting Show Panel from the Devices
menu.

The mixer



About the multiple mixer windows

You may have noticed that there are in fact several separate
mixer items selectable from the Devices menu (in Cubase
Studio there are two mixer items). These are not separate
mixers, but rather separate views of the same mixer.

= Each of the mixer windows can be configured to show
any combination of channels, channel types, narrow and
wide channel strips, etc. (how to do this is described later
in this chapter).

You can for example configure one mixer window to show MIDI channel
strips, another to show input and output channels or another to show all
audio-related channels.
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* You can also save channel configurations as View sets
(see “Channel view sets” on page 115), which are then
accessible from all mixer windows.

These features are very convenient when working with
large projects. Considering the number of different chan-
nel types that can be shown in the mixer, they could even
be described as necessary!

The use of multiple mixer windows combined with the abil-
ity to recall different mixer configurations enables you to fo-
cus on the task at hand and keep window scrolling down to
a minimum.

= All options for configuring the mixer described in this
chapter are identical for all mixer windows.
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What channel types can be shown in the mixer?

The following track-based channel types are shown in the
mixer:

* Audio

= MIDI

= Effect return channels (referred to as FX channels in the Pro-
ject window)

= Group channels

* Instrument track channels

The order of audio, MIDI, instrument, group and effect re-
turn channel strips (from left to right) in the mixer corre-
sponds to the Project window Track list (from the top
down). If you reorder tracks of these types in the Track list,
this will be mirrored in the mixer.

In addition to the above, the following channel types are
also shown in the mixer:

* Activated ReWire channels (see the chapter “ReWire” on
page 451).

* VST Instrument channels (see the chapter “VST Instruments
and Instrument tracks" on page 169).

ReWire channels cannot be reordered and always appear
to the right of other channels in the main mixer pane (see
below). VST instrument (VSTi) channels can be reordered
in the Track list which will in turn be mirrored in the mixer.

The other track types are not shown in the mixer.

Input and output busses in the mixer

Input and output busses are represented by input and out-
put channels in the mixer. They appear in separate “panes”
separated by movable dividers and with their own horizon-
tal scrollbars, see “The input and output channels” on
page 117.

= In Cubase Studio, only the output channels are shown
in the mixer (not input channels).

The mixer



About multi-channel audio (Cubase only)

Cubase has full support for surround sound. Each audio
channel and bus in the mixer can carry up to 6 speaker
channels. This means that if you have an audio track con-
figured for 5.1 surround sound, for example, it will have a
single channel strip in the mixer, just like mono or stereo
tracks, but its level meter will have six meter bars, one for
each speaker channel.

Another thing to note is that the look of a channel strip dif-
fers slightly depending on how it is routed — mono or stereo
tracks routed to a surround output bus will have a surround
panner control instead of a regular pan control, for example.
For further information on multi-channel audio, see the
chapter “Surround sound (Cubase only)” on page 180.

Configuring the mixer

As mentioned earlier, the mixer window can be configured
in various ways to suit your needs and to save screen
space. Here follows a run through of the various view op-
tions (the following descriptions assume that you have an
active project containing some tracks).

Normal vs. Extended channel strips

You can show/hide extended channel strips and the input/
output routing section at the top of the channel strips.
Proceed as follows:

1. Open any of the mixer windows.

The leftmost strip is called the common panel and is always shown in the
mixer. It contains various global settings and options relating to the mixer.
For further information, see “The common panel” on page 113.

2. Click on the arrow button on the common panel
(“Show Extended Mixer") or right-click in the Mixer to
open the Mixer context menu and select “Show Extended
View" from the Window submenu.

You can also use a key command for this. See the chapter “Key com-
mands” on page 479.
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Opening the Extended Mixer via the Mixer
Common panel...

3
A

ml | e

Always on Top

...and via the Mixer context menu.

Window
Command Target

b Show Routing Yiew

3 Show Extended Wiew [%
Channel Wisibility »

Link. Channels
Unlink Channels

3. You can show or hide the Routing panel of the chan-
nel strips by clicking on the respective arrow button
(“Show Routing”) or by selecting “Show Routing View”
from the Window submenu on the Mixer context menu.
The fader panel is always shown.

The fader panel shows the basic controls — faders, pan
controls and an associated vertical row of buttons. The ex-
tended panel can be set to show EQ, effect sends, insert
effects, etc. The Routing section contains input and out-
put routing pop-up menus (where applicable), along with
input phase and input gain controls (Cubase only).

A fully extended channel strip
with the input/output routing
section at the top.

[

A basic channel strip with no
extended options.
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The common panel

The common panel appears to the left in the mixer windows
and contains settings for changing the look and behavior of
the mixer, as well as global settings for all channels.

Shows/hides the
Routing panel

Buttons for showing/hid-
ing the extended panel

Global Mute, Solo and
Listen buttons

Global automation Read/
Write buttons

Reset Mixer/
Reset Channels

Channel settings copy/
paste, see “Copying set-
tings between audio
channels” on page 125.

Opens the VST Connec-
tions window, see “The
VST Connections win-
dow” on page 16.

The View options buttons
determine what to display in
the extended panels of the
channel strips, see below.

Toggle channel strips in the
mixer between “All Targets
Wide" and “All Targets
Narrow”.

With these indicator but-
tons you can select which
channel types are shown
in the mixer (see “Selec-
ting what channel types to
show/hide” on page 114)
and/or will be affected by
commands (see “About
the Command Target” on
page 115).

Store/Remove View set
buttons (+/-) and Select

View set pop-up, see
“Channel view sets” on
page 115.

Selecting what to display in the extended

channel strips

You can select what to display in the extended channel
strip either globally from the common panel or individually
from each channel strip.

The available options vary depending on the channel type.

= Fora description of the options for audio-related channels, see
“Options for the extended audio channel strip” on page 121.

= For a description of the options for MIDI channels, see “Se-
lecting what to show in the extended MIDI channel strip” on
page 128.

Selecting globally from the common panel
1. Open any of the mixer windows.
2. Make sure that the extended panel of the mixer is visible.

In the extended area of the common panel, you can see a
vertical row of icons. These act as buttons and determine
globally what is displayed in the extended panel for all
channel strips in the mixer.

Clear all views

Show all Inserts (blank panels)

Show all Equalizers
Show all Equalizers with curve

Show all Sends
Show Sends 1-4

Show Sends 5-8

Show Studio Sends

Show SurroundPanners

Show all Meters (where applicable)

Show Channel Overview

3. Click on the “Show all Inserts” button (second icon

from the top).
Now all channel strips in the mixer will show Insert effect slots in the ex-
tended panel.

= As mentioned above, what can be set globally depends
on the type of channel.

Channel types that do not support a selected global option will be unaf-
fected.

= If you press [Alt]/[Option] and click one of the global
view buttons, the input (Cubase only) and output channels
will be affected as well.

Selecting for individual channels

Each channel strip in the mixer features a View options
pop-up menu, which is used for two things:

* To determine what is shown in the extended panel for
individual channels in the mixer.
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= To set the “Can Hide" status for individual channels in
the mixer, see below.

The View options pop-up is opened by clicking the down
arrow located just above the fader panel of a channel strip.

Ermpty
Inserts

EQs [k
Efs Curve
Sends
Sends 1-4
Sends 58
Farner
Meter
Overview
User Panel
Studio Sends

Can Hide

= To select what to display in the extended panel from the
View options pop-up menu, you must first open the ex-
tended mixer.

Selecting what channel types to show/hide

You can specify what channel types to show or hide in the
mixer. In the lower part of the common panel you find a

vertical strip with different indicator buttons. Each indica-
tor represents a channel type to show or hide in the mixer:

“Command Target” options —
see “About the Command

Target” on page 115.
“Can Hide" options —
see below

Input Channels (Cubase only)
Audio Channels
Group Channels
ReWire Channels
MIDI Channels
VST Instrument Channels
FX Channels
Output Channels
Reveal all channels

= To hide or show a channel type, click the corresponding
indicator.

If an indicator is dark, the corresponding channel type will be shown in
the mixer. If it is orange, the corresponding channel type will be hidden.
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Showing/hiding individual channels
(the “Can Hide” setting)

You can also show/hide individual channels of any type in
the mixer. For this, you can assign channels a “Can Hide"
status, which allows you to hide these channels collec-
tively. Proceed as follows:

1. Pull down the View options pop-up menu for the chan-
nel you want to hide and activate the “Can Hide" option or
[Alt]/[Option]-click in the top middle section of the channel
strip.

The “/" icon is shown if “Can Hide" is activated for a channel strip.

Empty
Inserts
Sends
Meter

Overvigw
User Panel

Can Hide:

2. Repeat this for all channels you want to hide.

3. Click the button “Hide Channels set to ‘Can Hide' on
the common panel.

This hides all channels set to “Can Hide". To show them again, click the
button again or click the “Reveal All Channels” button at the bottom of
the common panel.

Below the “Hide Channels set to ‘Can Hide'” button, there
are three additional buttons.

These have the following functionality:

Remove 'Can Hide' from All Channels

Option Description

Set Target Channels
to ‘Can Hide'

This activates “Can Hide" for all Channels you
specified as “Command Targets”, see below.

Remove ‘Can Hide'
from Target Channels

This deactivates “Can Hide" for all Channels you
specified as “Command Targets”, see below.

This deactivates “Can Hide" for all Channels in the
Mixer.

Remove ‘Can Hide'
from All Channels
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About the Command Target

Command targets let you specify which channels should
be affected by the “commands” (basically all the functions
that can be assigned key commands) when working with
the Mixer, e.g. what to display in the extended mixer, the
width setting of the channel strips, etc. You can set com-
mand targets using the Mixer common panel or the con-
text menu.

The Command Target
Controls on the com-
mon panel

Command Target: Exclude Inputs

The following options are available:

All Channels — Select this if you want your commands to af-
fect all channels.

Selected Only — Select this if you want your commands to af-
fect the selected channels only.

Exclude Inputs (Cubase only) — Select this if you do not want
your commands to affect the input channels.

Exclude Outputs — Select this if you do not want your com-
mands to affect the output channels.

Channel view sets

Channel view sets are saved configurations of the mixer
windows, allowing you to quickly switch between different
layouts for the mixer. Proceed as follows:

1.
set.
The following settings will be stored:

Set up the mixer the way you wish to store it as a view

Settings for individual channel strips (e.g. narrow or wide mode
and whether the channel strip is (or can be) hidden or not).
The hide/show status for channel types.

The mixer's display status (fader panel, extended panel,
routing panel).

Settings for what is shown in the extended view of the mixer.

2. Click the “Store View Set” button (the plus sign) at the
bottom of the (non-extended) common panel.

3. Adialog appears, allowing you to enter a name for the
view set.

4. Click OK to store the current mixer view set.
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* You can now return to this stored configuration at any
time, by clicking the “Select Channel View Set” button
(the down arrow to the left of the “Store View Set” button)
and selecting it from the pop-up menu.

»
I

Select Channel View Set

= To remove a stored channel view set, select it and click
the “Remove View Set” button (the minus sign).

/N Some remote control devices (such as Steinberg's
Houston) feature this function, which means that you
can use the remote device to switch between the
channel view sets.

Setting the width of channel strips

Each channel strip can be set to either “Wide" or “Nar-
row” mode by using the Channel Narrow/Wide button on
the left above the fader strip.

L

Channel Marrowide

The Channel Narrow/Wide button

= Narrow channel strips contain a narrow fader, miniature
buttons, and the View options pop-up.

If you have selected to show parameters in the extended section, only the
channel overview or the Meter can be shown in narrow mode. (The pa-

rameters will be shown again when you return to wide mode.)

Wide and narrow channel strips

* When selecting “All targets narrow” or “All targets
wide" on the common panel, all channel strips selected as
command targets (see “About the Command Target” on
page 115) are affected.
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The audio-related channel strips

Channel Input/ Channel View options

Output Routing pop-up

The Can Hide State for the
channel

'(' Mixer

The speaker configu-
ration for the channei

Narrow/Wide button

The common panel
(see “The common
panel” on page 113)

Edit button (opens the
Channel Settings win-
dow)

Record Enable and

Monitor buttons 1

E] = W Input Gain control
(Cubase only)

Input Phase switch

(Cubase only)

Pan control

Level fader and meter

Listen button (see the chapter

“Control Room (Cubase only)”
on page 135)

Channel name

T TRT

Channel automation controls Insert/EQ/Send indicators and Opens the control panel for the
bypass buttons (see below) VST Instrument.

The mixer in normal mode (faders and Routing View visible), showing (from left to right): the common panel, a stereo audio channel, a
group channel, an instrument channel, an FX channel and a VST Instrument channel strip.

All audio-related channel types (audio, instrument track,
input/output channels, group, effect return, VST Instru-
ment and ReWire) basically have the same channel strip
layout, with the following differences:

Only audio track channels have an Input Routing pop-up menu.

Only audio and instrument track channels have a Monitor and
Record Enable button.

Input/output channels do not have sends.

Instrument track and VST Instrument channels have an addi-
tional button for opening the instrument's control panel.

Input channels (Cubase only) and output channels have clip-
ping indicators.
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About the Insert/EQ/Send indicators and bypass buttons

The three indicator buttons in each audio channel strip
have the following functionality:

= If an Insert or Send effect or an EQ module is activated
for a channel, the corresponding button is lit.
The effect indicators will be blue, the EQ indicator will be green.

= If you click these buttons when lit, the corresponding
EQ or effects section will be bypassed.

Bypass is indicated by yellow buttons. Clicking the button again deacti-
vates bypass.

The mixer



The MIDI channel strips

This opens the control MIDI input pop-up
panel for a connected

VST Instrument.

MIDI output pop-up

Input Transformer button MIDI channel pop-up

Channel Narrow/Wide /

button

Mute and Solo —/

Channel automation -~

controls

[~ Can Hide State

\—Pan control

— Level (velocity) meter

— Edit button
Insert/Send indicators and
Bypass buttons
/ . 0 —Level fader
(MIDI volume)

Monitor and Record

Enable buttons LI

The MIDI channel strips allow you to control volume and
pan in your MIDI instrument (provided that they are set up to
receive the corresponding MIDI messages). The settings
here are also available in the Inspector for MIDI tracks.

The input and output channels

The busses you set up in the VST Connections window
are represented by input and output channels in the mixer.
These are shown in separate “panes” (to the left and right
of the regular channel strips, respectively), with their own
dividers and horizontal scrollbars. The i/o channel strips
are very similar to other audio channels and are identical
for input and output channels (except that input channels
do not have Solo buttons).

= If you are using Cubase Studio, only output channels
are shown in the mixer.

The input channels (busses) you have set up in the VST Connections
window are available for selection on the Input Routing pop-up menus
but you cannot view them or make settings for them in the mixer.

Input gain

The Speaker configuration —_ S
e (Cubase only)

for the bus

Pan control (no Pan-
ner used for surround
busses)

Input Phase switch
(Cubase only)

Mute, Solo and Listen ‘
buttons (only the Output

bus features a Solo but-

ton)

Bus volume fader

Read/Write Automation Edit button

Inserts and EQ indicators
and Bypass buttons

Bus level meter

Clipping indicator, see
“Setting input levels”
on page 71.

= For information on how to set up input and output bus-
ses, see the chapter “VST Connections: Setting up input
and output busses” on page 13.

* How to route audio channels to busses is described in
the section “Routing audio channels to busses” on page
127.

= If the Control Room is disabled (see the chapter “Con-
trol Room (Cubase only)” on page 135), the Main Mix (the
default output) bus is used for monitoring. For information
about Monitoring, see “About monitoring” on page 20.

In Cubase Studio, the Main Mix bus is always used for monitoring.

Basic mixing procedures

Setting volume in the mixer

In the mixer, each channel strip has a volume fader.

= For audio channels, the faders control the volume of the
channels before they are routed (directly or via a group)
channel to an output bus.

Each channel can in turn handle up to 6 speaker channels — see the
chapter “Surround sound in Cubase” on page 181.

= An output channel fader determines the master output
level of all audio channels routed to that output bus.

117

The mixer



= MIDI channels handle fader volume changes in the mixer
by sending out MIDI volume messages to the connected in-
strument(s).

Connected instruments must be set to respond to MIDI messages (such
as MIDI volume in this case) for this to function properly.

= The fader settings are displayed numerically below the
faders, in dB for audio channels and in the MIDI volume O
to 127 value range for MIDI channels.

You can click in the fader value fields and enter a volume setting by typing.

= To make fine volume adjustments, hold down [Shift]
when you move the faders.

= If you hold down [Ctrl]/[Command] and click on a fader,
it will be reset to its default value, i.e. 0.0dB for audio
channels, or MIDI volume 100 for MIDI channels.

This reset to default values works for most mixer parameters.

You can use the faders to set up a volume balance be-
tween the audio and MIDI channels and perform a manual
mix by moving the faders and other controls while playing
back. By using the Write function (see “Enabling and
disabling the writing of automation data” on page 189),
you can automate the levels and most mixer actions.

/N ltis also possible to create volume envelopes for
separate events in the Project window or Audio Part
Editor (see “Event Envelopes” on page 95) or to
make static volume settings for an event on the info
line or with the volume handle (see “About the vo-
lume handle” on page 90).

About the level meters for audio channels

When playing back audio in Cubase, the level meters in
the mixer show the level of each audio channel.

= Directly below the level meter is a small level readout —
this shows the highest registered level in the signal.
Click this to reset the peak levels.

= Peak levels can also be shown as static horizontal lines
in the meter, see “Changing the meter characteristics” on
page 126.

If the peak level of the audio goes above 0dB, the numer-
ical level indicator will show a positive value (i.e. a value
above 0dB).
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= Cubase uses 32 bit floating point processing internally,
so there is virtually limitless headroom — signals can go way
beyond 0dB without clipping. Having higher levels than
0dB for individual audio channels is therefore not a problem
in itself. The audio quality will not be degraded by this.
However, when many high level signals are mixed in an output bus, this
may require that you lower the output channel level a lot (see below).
Therefore it is good practice to keep the maximum levels for individual
audio channels roughly around 0dB.

/N When Direct Monitoring is used and the option “Map
input bus metering to Audio track (in Direct Monitor-
ing)" is activated in the Preferences (VST-Metering
page), the level meters in the mixer will show the level
of the input bus instead.

About the level meters for input and output channels

For the input and output channels, things are different. 1/0
channels have clipping indicators (input channels are only
shown in Cubase).

= When you are recording, clipping can occur when the
analog signal is converted to digital in the audio hardware.
With Cubase, it is also possible to get clipping in the signal being re-
corded to disk (when 16 or 24 bit record format is used and you have
adjusted the mixer settings for the input channel). For more information,
see “Setting input levels” on page 71.

= In the output busses, the floating point audio is converted
to the resolution of the audio hardware. In the integer audio
domain, the maximum level is 0dB — higher levels will cause
the clipping indicator for each bus to light up.

If the clipping indicators light up for a bus, this indicates actual clipping -
digital distortion which should always be avoided.

/N Ifthe clipping indicator lights up for an output chan-
nel, reset the indicator by clicking on it, and lower the
level until the indicator does not light up.

The mixer



Adjusting Input Gain (Cubase only)

put Gain (use shift)

Each audio channel and input/output channel features an
Input Gain control. This controls the gain for the incoming
signal, before EQ and effects.

The Input Gain is not meant to be used as a volume con-
trol in the mixer, as it is not suited for continuous level ad-
justments during playback. It can, however, be used to cut
or boost the gain in various circumstances:

* To change the level of a signal before the effects section.
The level going into certain effects can change the way the signal is af-

fected. A compressor, for example, can be “driven” harder by raising the
Input Gain.

= To boost the level of poorly recorded signals.

To change the Input Gain, you need to press [Shift] and
adjust the control (to avoid accidental gain changes). If
you press [Alt]/[Option], you can adjust the Input Gain
with a fader. Alternatively, you can also enter the desired
number in the value field.

Input Phase switch (Cubase only)

Input Phase

Each audio channel and input/output channel has an Input
Phase switch, to the left of the Input Gain control. When
activated, the phase polarity is inverted for the signal. Use
this to correct for balanced lines and mics that are wired
backwards, or mics that are “out of phase” due to their po-
sitioning.

* Phase polarity is important when mixing together two
similar signals.

If the signals are “out of phase” with respect to one another, there will be
some cancellation in the resulting audio, producing a hollow sound with
less low frequency content.
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Level meters for MIDI channels

The level meters for MIDI channels do not show actual vol-
ume levels. Instead, they indicate the velocity values of the
notes played back on MIDI tracks.

MIDI tracks set to the same MIDI channel and output

If you have several MIDI tracks set to the same MIDI chan-
nel (and routed to the same MIDI output), making volume
and pan settings for one of these MIDI tracks/mixer chan-
nels will also affect all other mixer channels set to the
same MIDI channel/output combination.

Using Solo and Mute

(m]
[s]

The Mute and Solo buttons

You can use the Mute and Solo buttons to silence one or
several channels. The following applies:

= The Mute button silences the selected channel.

Clicking the Mute button again unmutes the channel. Several channels
can be muted simultaneously. A muted channel is indicated by a lit Mute
button and also by the lit Global Mute indicator on the common panel.

(m) A muted channel A lit Global Mute indicator on the
s in the mixer. common panel shows that one or
more channels are muted.

= Clicking the Solo button for a channel mutes all other
channels.

A soloed channel is indicated by a lit Solo button, and also by the lit Glo-
bal Solo indicator on the common panel. Click the Solo button again to
turn off Solo.

= Several channels can be soloed at the same time.
However, if you press [Ctrl]l/[Command] and click the Solo button for a
channel, any other soloed channels will automatically be un-soloed (i.e.
this Solo mode is exclusive).

= [Alt]/[Option]-clicking a Solo button activates “Solo De-
feat” for that channel.

In this mode the channel will not be muted if you solo another channel. To
turn off Solo Defeat, [Alt]/[Option]-click the Solo button again.

— .
e - :

L . -

E ...to activate Solo Defeat for that channel.

[Alt]/[Option]-click a Solo
button...
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* You can un-mute or un-solo all channels by clicking the
Mute or Solo indicator on the common panel.

Listen Mode (Cubase only)

!

The Listen button for a channel strip and the global Listen button on the
Common panel

Clicking the Listen button for a channel routes that chan-
nel to the Control Room without interrupting the normal
signal flow. The following applies:

= When the channel is set to after-fader (also referred to
as post-fader), the signal being routed to the Control
Room channel will come after the fader and pan controls
of the Listen-enabled channel.

* When the Control Room channel is set to pre-fader, the
signal will be routed from just before the fader.

Control Room channel set

to after-fader (AFL)... ...and to pre-fader (PFL).

A Listen-enabled channel is indicated by a lit Listen but-
ton, and also by the lit Global Listen button on the com-
mon panel. Click the Listen button again to turn off Listen
mode. You can also turn off Listen mode for all Listen-en-
abled tracks at the same time by clicking the Listen button
on the common panel.

For more information about the Listen functionality, see
the chapter “Control Room (Cubase only)” on page 135.

Setting pan in the mixer

The pan control

The pan controls in the mixer are used to position a chan-
nel between the left and right side of the stereo spectrum.

By default for stereo audio channels, pan controls the bal-
ance between the left and right channels. You can change
this in the Preferences. By selecting one of the other pan

modes (see below), you can set pan independently for the
left and right channel.
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= To make fine pan adjustments, hold down [Shift] when
you move the pan control.

= To select the (default) center pan position, hold down
[Cirl]/[Command] and click on the pan control.

= For MIDI channels, the pan control sends out MIDI pan
messages.

The result depends on how your MIDI instrument is set to respond to pan
- check your documentation for details.

= The SurroundPanner is described in the section
“Using the SurroundPanner” on page 184.

Panning Bypass

You can bypass the panning for all track types except
MIDI tracks. To do this, keep [Shift] and [Alt]/[Option]
pressed and click on the pan setting for the respective
channel in the mixer (on the fader panel or in the extended
mixer view). The Panning Bypass state is reflected in all
the different pan setting sections, e.g. if you bypass a
channel in the mixer, this is automatically reflected in the
Inspector for the respective track.

When panning is bypassed for a channel, the following
happens:

* Mono channels will be panned center.
= Stereo channels will be panned left and right.
= Surround channels will be panned center.

= To deactivate Panning Bypass, simply press [Shift]-
[Alt]/[Option] and click again.

About the three pan modes (Cubase only)

If you right-click in the pan control field for a (stereo) audio
channel, you can select one of three pan modes:

. Stereo Dual Panner

Stereo Combined Panner

M v Stereo Balance Panner

= Stereo Balance Panner controls the balance between
the left and right channels.
This is the default mode.

The mixer



= If Stereo Dual Panner is selected, there will be two pan
controls with the upper controlling pan for the left channel,
and the lower controlling pan for the right channel.

This allows you set pan independently for the left and right channels.
Note that it is possible to reverse the left and right channels, i.e. the left
channel can be panned to the right and vice versa. You can also “sum”
two channels by setting them to the same pan position (i.e. mono) — note
that this will increase the volume of the signal.

= |If Stereo Combined Panner is selected, the left and
right pan positions are shown as two lines with a blue/gray
area between them.

If you reverse the left and right channels, the area between the pan controls
will be red instead of blue/gray.

o

In this mode, the left and right pan controls are linked, and
can be moved left and right like a single pan control (keep-
ing their relative distance).

= Stereo Combined mode also allows you set pan inde-
pendently for the left and right channels. This is done by
holding down [Alt]/[Option] and dragging the correspond-
ing pan control.

When moving combined pan controls so that the left or
right pan control reaches its maximum pan value, it natu-
rally cannot go any further. If you continue to move further
in the same direction, only the other pan control will move,
thus altering the set relative pan range until both channels
are panned fully to one side. If you move the pan controls
in the opposite direction without releasing the mouse, the
previously set pan range will be restored.

= The pan settings made with the Dual Panner are re-
flected in the Combined Panner and vice versa.

= You can specify the default pan mode for inserted au-
dio tracks in the Preferences (VST page).
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About the “Stereo Pan Law” setting (audio channels only)

In the Project Setup dialog there is a pop-up menu named
“Stereo Pan Law”, on which you can select one of several
pan modes. This is related to the fact that without power

compensation, the power of the sum of the left and right

side will be higher (louder) if a channel is panned center

than if it is panned left or right.

To remedy this, the Stereo Pan Law setting allows you to
attenuate signals panned center, by -6, -4.5 or -3dB (de-
fault). Selecting the 0dB option effectively turns off con-
stant-power panning. Experiment with the modes to see
which fits best in a given situation. You can also select
“Equal Power" on this pop-up menu, which means that the
power of the signal will remain the same regardless of the
pan setting.

Audio-specific procedures

This section describes the options and basic procedures
regarding audio channels in the mixer.

Options for the extended audio channel strip

When using the extended channel strip view options, the
upper panel can be set to show different views for each
audio channel strip. You can select what to display in the
extended panel individually for each channel or globally for
all channels (see “Selecting what to display in the exten-
ded channel strips” on page 113).

The following views are possible:

= The 8 insert effect slots.
The inserts can also be found in the Inspector and the Channel Settings
window, see “Using Channel Settings” on page 122.

= The 8 sends, with pop-ups and send level value sliders.
The sends can also be found in the Inspector and the Channel Settings
window, see “Using Channel Settings” on page 122.

* You also have the option of displaying four sends at a
time (the Sends 1-4 and 5—-8 menu items).

These modes offer the additional benefit of displaying send levels as dB
values.

= There are no sends for Input/Output channels.
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= The EQ section, either with value sliders (“EQs") or as
numerical settings with a curve display (“EQs curve”).
These two views have exactly the same controls but different graphic lay-
outs. The EQ section is also available in the Channel Settings window.
For EQ parameter descriptions, see “Making EQ settings” on page 123.

= The SurroundPanner section (where applicable).

If the channel is routed to a surround bus you can view a compact ver-
sion of the SurroundPanner in the extended panel — double-click to open
the full SurroundPanner panel.

= The “Meter” option shows large level meters in the ex-
tended panel.
These operate exactly like the regular meters.

= Cubase only: The User Panel option displays Device
panels for the audio track, including panels for inserted
VST effects, see “Audio tracks” on page 30. You can ac-
cess User panels by clicking on the tab at the top of the
User Panel display in the extended mixer.

For information on Device Panels, see the separate PDF document “MIDI
Devices”.

= Selecting the “Empty” option will display a blank panel
in the extended strip.

* You can also select the “Overview” option — this shows
a graphic overview of which insert effect slots, EQ mod-
ules and effects sends are activated for the channel.

You can click the indicators to turn the corresponding slot/EQ module/
send on or off.

= If you have selected a parameter for the extended
channel strip and then switch to “narrow” mode, only the
channel overview and the Meter can be shown in the ex-
tended channel strip. When you switch back to “wide”
mode, the parameter settings are displayed again.

Using Channel Settings

For each audio channel strip in the mixer and in the Inspec-
tor and Track list for each audio track, there is an Edit but-
ton (“e”).

Clicking this opens the VST Audio Channel Settings win-
dow. By default, this window contains:

* A section with eight insert effect slots (see “Audio effects” on
page 150).

* Four EQ modules and an associated EQ curve display (see
“Making EQ settings” on page 123).

* A section with eight sends (see “Audio effects” on page 150).
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* A duplicate of the mixer channel strip (without the extended
panel but with the input and output settings panel).

You can customize the Channel Settings window, by
showing/hiding the different panels and/or by changing
their order:

To specify which panels should be shown/hidden, right-click
in the Channel settings window, and activate/deactivate the
respective options on the Customize View submenu on the
context menu.

To change the order of the panels, select “Setup..."” on the
Customize View pop-up menu and use the “Move up” and
“Move Down” buttons.

For further information, see the chapter “Customizing” on
page 468.

Every channel has its own channel settings window (al-
though you can view each in the same window if you like —
see below).

Click the Edit button to open the Channel Settings
window.

-
€ VST Audio Channel Setti

The Channel Settings window is used for the following
operations:

= Apply equalization, see “Making EQ settings” on page 128.
Apply send effects, see “Audio effects” on page 150.

Apply insert effects, see “Audio effects” on page 150.

Copy channel settings and apply them to another channel, see

“Copying settings between audio channels” on page 125.

/N All channel settings are applied to both sides of a
stereo channel.
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Changing channels in the Channel Settings window
You can view any channel’s settings from a single window.

If the option “Sync Project and Mixer Selection” is acti-
vated in the Preferences (Editing—Project & Mixer page),
this can be done “automatically”:

= Open the Channel Settings window for a track and po-
sition it so that you can see both the Project window and
the Channel Settings window.

Selecting a track in the Project window automatically se-
lects the corresponding channel in the mixer (and vice
versa). If a Channel Settings window is open, this will im-
mediately switch to show the settings for the selected
channel. This allows you to have a single Channel Settings
window open in a convenient position on the screen, and
use it for all your EQ and channel effect settings.

You can also select a channel manually (thereby changing
what is shown in the open Channel Settings window).
Proceed as follows:

1. Open the Channel Settings window for any channel.

2. Open the Choose Edit Channel pop-up menu by
clicking the arrow button to the left of the channel number
at the top of the Fader view.

Audio 01

R o
Choose Edit Channel
LT

Audio 1

v Audio 01
Group 1
Mypstic 01
FX 1-REVerence
MIDI O
Groove dgent OME 02
Audio 02
Audio 03

I

3. Select a channel from the pop-up to show the settings
for that channel in the open Channel Settings window.

= Alternatively, you can select a channel in the mixer by
clicking its channel strip (make sure not to click on a con-
trol as this will change the respective parameter setting in-
stead).

This selects the channel, and the Channel Settings window is updated.

= To open several Channel Settings windows at the same
time, press [Alt]/[Option] and click the Edit buttons for the
respective channels.

Making EQ settings

Each audio channel in Cubase has a built-in parametric
equalizer with up to four bands. There are several ways to
view and adjust the EQs:

= By selecting one of the EQ display modes (“EQs” or
“EQs Curve") for the extended channel strip in the mixer.

These modes contain the same settings but present them
in different ways:

In “EQs” mode, the top value slider controls the gain,
the middle controls frequency and the lower sets the
filter type and the Q parameter for each EQ band.

In “EQs Curve” mode, EQ settings are shown as a
curve. Parameters are set by clicking on the value
and adjusting with the fader that appears.

= By selecting the “Equalizers” or “Equalizer Curve" tab in
the Inspector.

The “Equalizers” section is similar to the “EQs" mode in the extended
mixer or the “Equalizers” section in the Channel Settings window, while
the “Equalizer Curve” section shows a display in which you can “draw”
an EQ curve. Setting EQ in the Inspector is only possible for track-based
audio channels.

= Note that by default, only the Equalizers tab is shown.
To display the Equalizer Curve tab, right-click on an In-
spector tab (not in the empty area below the Inspector)
and activate the “Equalizer Curve” option.

= By using the Channel Settings window.
This offers both parameter sliders and a clickable curve display (the
Equalizer + Curve pane) and also lets you store and recall EQ presets.

Below we describe how to set up EQ in the Channel Set-
tings window, but the parameters are the same in the mixer
and Inspector (apart from the presets and reset function,
which are not available in the mixer).
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The Equalizers + Curve pane in the Channel Settings win-
dow consists of four EQ modules with parameter sliders, an
EQ curve display and some additional functions at the top.

Using the parameter controls

1. Activate an EQ module by clicking its on/off button.
Although the modules have different default frequency values and differ-
ent Q names, they all have the same frequency range (20Hz to 20kHz).
The only difference between the modules is that you can specify different
filter types for each individual module (see below).

2. Set the amount of cut or boost with the gain control —
the upper slider.
The range is + 24dB.

3. Set the desired frequency with the frequency slider.
This is the center frequency of the frequency range (20Hz to 20kHz) to
be cut or boosted.

4. Click on the lower slider (to the left) to open the filter
type pop-up menu and select the desired filter type.

The “eq1” and “eq4” bands can act as parametric, shelving or high/low-
pass filters, while “eq2” and “eq3" will always be parametric filters.

5. Set the Q value with the lower slider (to the right).
This determines the width of the affected frequency range. Higher values
give narrower frequency ranges.

6. If needed, you can activate and make settings for up to
four modules.

= Note that you can edit the values numerically as well, by
clicking in a value field and entering the desired gain, fre-
quency or Q value.
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Using the curve display

When you activate EQ modules and make settings, you will
see that your settings are automatically reflected in the
curve display above. You can also make settings directly in
the curve (or combine the two methods any way you like):

1. To activate an EQ module, click in the curve display.
This adds a curve point and one of the modules below are activated.

2. Make EQ settings by dragging the curve point in the
display.

This allows you to adjust gain (drag up or down) and frequency (drag left
or right).

3. To set the Q parameter, press [Shift] and drag the
curve point up or down.
You will see the EQ curve become wider or narrower as you drag.

= You can also restrict the editing by pressing [Cirl]/
[Command] (sets gain only) or [Alt]/[Option] (sets fre-
quency only) while you drag the curve point.

4. To activate another EQ module, click somewhere else
in the display and proceed as above.

5. To turn off an EQ module, double-click its curve point
or drag it outside the display.

6. To mirror (“inverse”) the eq curve on the x axis, click
the button to the right of the curve display.

The Inverse Equalizers button
EQ bypass

Whenever one or several EQ modules are activated for a
channel, the EQ button will light up in green in the mixer
channel strip, Inspector (Equalizer and Channel sections),
Track list and Channel Settings window (top right corner
of the EQ section).

You can also bypass all EQ modules. This is useful, as it
allows you to compare the sound with and without EQ.
Proceed as follows:

= In the mixer, the Track list and in the Channel section in
the Inspector, click the EQs state button so that it turns
yellow.

To deactivate EQ Bypass, click the button again, so that it turns green
again.
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* In the Inspector (Equalizers tab) and in the Channel
Settings window, click the Bypass button (next to the EQ
button) so that it turns yellow.

Click again to deactivate EQ Bypass mode.

=J
e
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EQ bypass in the mixer, the Channel Settings window and the Inspector

33887 H

EQ reset

On the Presets pop-up menu in the Channel Settings win-
dow and in the Inspector, you will find the Reset command.
Select this to turn off all EQ modules and reset all EQ pa-
rameters to their default values.

Using EQ presets

Some useful basic presets are included with the program.
You can use them as they are, or as a starting point for fur-
ther “tweaking”.

* To call up a preset, pull down the presets pop-up menu
in the Channel Settings window or in the Inspector and
select one of the available presets.

= To store the current EQ settings as a preset, select
“Store Preset” on the presets pop-up menu and enter the
desired name for the preset in the dialog that appears.

= To rename the selected preset, select “Rename Preset”
on the pop-up menu and enter a new name.

= To delete the selected preset, select “Remove Preset”
on the pop-up menu.

= You can also apply EQ (and Inserts) settings from
Track presets, see “Applying Inserts and EQ settings from
track presets” on page 291.
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EQ in the channel overview

If the “Channel” section is selected in the Inspector or the
“Overview” view mode is selected in the extended mixer,
you will get an overview of which EQ modules, insert ef-

fects and effect sends are activated for the channel.

By clicking the respective indicator (1 to 4), you can turn
the corresponding EQ module on or off.

Channel

The channel overview in the Inspector

The option “Use Cubase 3 EQ settings as default”

In the Preferences (VST page) you will find the option “Use
Cubase 3 EQ settings as default”. When you activate this

option, the EQ settings from Cubase 3 will be used by de-
fault. This means that when you create a new track, the four
EQ modules will be set to the EQ band types as follows:

This EQ module... ...will be set to

EQ1 Low Shelf 1
EQ2 Parametric 1
EQ3 Parametric 1
EQ4 High Pass 1

Copying settings between audio channels

It is possible to copy all channel settings for an audio chan-
nel and paste them to one or several other channels. This
applies to all audio-based channel types. For example, you
can copy EQ settings from an audio track and apply these
to a group or VST Instrument channel, if you want them to
have the same sound.
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Proceed as follows:

1. In the mixer, select the channel you want to copy set-
tings from.

2. Click the “Copy First Selected Channel's Settings”
button on the common panel.

Copy First Selected Channel's Settings

T

3. Select the channel(s) you want to copy the settings to
and click the “Paste Settings to Selected Channels” but-
ton (below the “Copy First Selected Channel Settings”
button).

The settings are applied to the selected channel(s).

You can copy channel settings between different types of
channels, but only those channels will be used for which
corresponding settings are available in the target channel:

= For example, since input/output channels do not have send ef-
fects, copying from them will leave the Sends settings in the
target channel unaffected.

* Also, in case of Surround Sound (Cubase only), for example,
any Insert effects routed to surround speaker channels will be
muted, when the settings are pasted to a mono or stereo
channel.

Initialize Channel and Reset Mixer

The Initialize Channel button can be found in the lower
part of the Control Strip section in the Channel Settings
window (if this section is not shown in the Channel Set-
tings window, open the context menu and select “Control
Strip” on the Customize View submenu). Initialize Channel
resets the selected channel to the default settings.

Similarly, the mixer common panel holds a Reset Mixer/
Reset Channels button — when you click this, you will be
asked whether you want to reset all channels or just the
selected channels.

The default settings are:

= AIlEQ, Insert and Send effect settings are deactivated and re-
set.

= Solo/Mute is deactivated.

= The fader is set to 0dB.

= Pan is set to center position.
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Changing the meter characteristics

In the Mixer context menu, opened by right-clicking any-
where on the mixer panel, there is a submenu named “Gilo-
bal Meter Settings”. Here you can make settings for the
preferred meter characteristics, with the following options:

= If “Hold Peaks” is activated, the highest registered levels
are “held” and are shown as static horizontal lines in the
meter.

Note that you can turn this on or off by clicking in any audio level meter in
the mixer.

Hold Peaks is activated. The
highest registered level is dis-
played in the meter.

@ [eHokn Foa

= If “Hold Forever” is activated, the peak levels will be
shown until meters are reset (by clicking the numerical
peak display below the meter).

If “Hold Forever” is off, you can specify for how long the peak levels will
be held with the parameter “Meters’ Peak Hold Time" in the Preferences

(VST-Metering page). The peak hold time can be between 500 and
30000ms.

= If “Meter Input” is activated, meters will show input lev-
els for all audio channels and input/output channels.
Note that the input meters are post input gain (Cubase only).

= |f “Meter Post-Fader” is activated, meters will show
post-fader levels.
This is the default setting for channels in the mixer.

= In Cubase, there is also a “Meter Post-Panner” mode.
This is similar to “Meter Post-Fader”, but the meters will reflect pan set-
tings as well.

= If “Fast Release” is activated, the meters respond very
quickly to level peaks. If “Fast Release” is deactivated, the
meters respond more like standard meters.

You can set the time it takes for the meters to “fall back” in the Preferen-
ces (VST-Metering page).
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Using group channels

You can route the outputs from multiple audio channels to
a group. This enables you to control the channel levels us-
ing one fader, apply the same effects and equalization to all
of them etc. To create a group channel, proceed as follows:

1. Select Add Track from the Project menu and select
“Group Channel” from the submenu that appears.

2. Select the desired channel configuration and click OK.
A group channel track is added to the Track list and a corresponding
group channel strip is added to the mixer. By default the first group chan-
nel strip is labeled “Group 1", but you can rename it just like any channel
in the mixer.

3. Pull down the Output Routing pop-up for a channel
you want to route to the group channel, and select the
group channel.

The output of the audio channel is now redirected to the selected group.

4. Do the same for the other channels you wish to route
to the group.

/\ You can select a group channel as an Input for an
audio track, e.g. to record a downmix of separate
track outputs routed to a group (see “Recording
from busses” on page 71).

Settings for group channels

The group channel strips are (almost) identical to audio
channel strips in the mixer. The descriptions of the mixer
features earlier in this chapter apply to group channels as
well. Some things to note:

* You can route the output of a group to an audio channel
(see “Recording from busses” on page 71), to an output
bus or to another group.

You cannot route a group to itself. Routing is done with the Output Rou-
ting pop-up menu in the Inspector (select the subtrack for the Group in
the Track list) or in the Routing section at the top of each channel strip.

= There are no Input Routing pop-ups, Monitor buttons or
Record Enable buttons for group channels.
This is because inputs are never connected directly to a group.

= Solo functionality is automatically linked for channels
routed to a group and the group channel itself.

This means that if you solo a group channel, all channels routed to the
group are automatically soloed as well. Similarly, soloing a channel
routed to a group will automatically solo the group channel.
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= Mute functionality depends on the setting “Group Chan-
nels: Mute Sources as well” in the Preferences (VST page).
By default, when you mute a group channel no audio will pass through
the group. However, other channels that are routed directly to that group
channel will remain unmuted. If any of those channels have aux sends
routed to other group channels, FX channels or output busses, those will
still be heard.

If the option “Group Channels: Mute Sources as well” is activated in the
Preferences (VST page), muting a group channel will cause all other
channels directly routed to it to be muted as well. Pressing mute again
will unmute the group channel and all other channels directly routed to it.
Channels that were muted prior to the group channel being muted will
not remember their mute status and will be unmuted when the group
channel is unmuted.

/N The option “Group Channels: Mute Sources as well”
does not affect how mute automation is written. Writ-
ing mute automation on a group channel only affects
the group channel and not channels routed to it.
When writing the automation, you will see the other
channels being muted when this option is activated.
However, upon playback, only the group channel will
respond to the automation.

One application of group channels is to use them as “effect
racks” — see the chapter “Audio effects” on page 150.

About output busses

Cubase uses a system of input and output busses which
are set up using the VST Connections dialog. This is de-
scribed in the chapter “VST Connections: Setting up input
and output busses” on page 13.

Output busses let you route audio from the program to the
outputs on your audio hardware.

Routing audio channels to busses

To route the output of an audio channel to one of the ac-
tive busses, proceed as follows:

1. Open the mixer.

2. Make sure the routing panel is visible — see “Normal
vs. Extended channel strips” on page 112.

3. Pull down the Output Routing pop-up menu at the top
of the channel strip and select one of the busses.

This pop-up menu contains the output busses configured in the VST
Connections window, as well as available group channels (provided that
the busses and groups are compatible with the speaker configuration for
the channel — see “Routing” on page 18).
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You can also make routing settings in the Inspector.

For details on routing surround channels (Cubase only),
see “Surround in the mixer” on page 182.

Viewing the output busses in the mixer

Output busses are shown as output channels in a sepa-
rate pane to the right in the mixer. You show or hide this
pane by clicking the Hide Output Channels button in the
mixer's common panel.

Each output channel resembles a regular audio channel
strip. Here you can do the following:

= Adjust master levels for all configured output busses using the
level faders.

* Adjust input gain and input phase of the output busses (Cu-
base only).

» Add effects or EQ to the output channels (see the chapter
“Audio effects” on page 150).

MIDI-specific procedures

This section describes basic procedures for MIDI chan-
nels in the mixer.

Selecting what to show in the extended MIDI
channel strip

When using the extended channel strip view options (see
“Normal vs. Extended channel strips” on page 112), the
upper panel can be set to show different views for each
MIDI channel strip. You select what to display for each
channel by using the View options pop-up menu at the top
of each channel strip. The following views are possible:

= The MIDI insert effects.

MIDl inserts can also be found in the Inspector and the Channel Settings
window for MIDI channels. How to use MIDl insert effects is described in
the chapter “MIDI realtime parameters and effects” on page 305.

= The MIDI send effects.

The sends can also be found in the Inspector and the Channel Settings
window for MIDI channels. How to use MIDI send effects is described in
the chapter “MIDI realtime parameters and effects” on page 305.

= The “Meter” option shows large level (velocity) meters in
the extended panel.
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* You can also select the “Overview” option — this shows
a graphic overview of which insert effect slots and effect
sends are activated for the channel.

You can click the indicators to turn the corresponding slot/send on or off.

= Cubase only: The “User Panel” option allows you to im-
port MIDI device panels — this is described in the separate
PDF document “MIDI Devices".

= Selecting “Empty” will display a blank panel in the ex-
tended strip.

= By selecting from the View options pop-up on the com-
mon panel, you can set the view for all channels in the
mixer.

Selecting EQ or SurroundPanners (which apply to audio channels only)
will not change the view for MIDI channels. Selecting inserts or send ef-
fects from the common panel will change the view for all channel types.

Using Channel Settings

For each MIDI channel strip in the mixer (and MIDI track in
the Track list or the Inspector), there is an Edit (“e”) button.

Clicking this opens the MIDI Channel Settings window.
By default, this window contains a duplicate of the mixer
channel strip, a section with four MIDI inserts and a sec-
tion with four MIDI send effects.

You can customize the Channel Settings window, by
showing/hiding the different panels and/or by changing
their order:

= To specify, which panels should be shown/hidden, right-click
in the Channel settings window, and activate/deactivate the
respective options on the Customize View submenu on the
context menu.

= To change the order of the panels, select “Setup” on the Cus-
tomize View pop-up menu and use the “Move up” and “Move
Down" buttons in the dialog that opens.

The mixer



Every MIDI channel has its own channel settings window.

MiDI 01

The MIDI Channel Settings window
Utilities

Link/Unlink channels

This function is used to “link” selected channels in the
mixer so that any change applied to one channel will be
mirrored by all channels in that group. You can link as
many channels as you like, and you can also create as
many groups of linked channels as you like. To link chan-
nels in the mixer, proceed as follows:

1. Press [Ctrl]l/[Command] and click on all the channels
you want to link.
[Shift]-clicking allows you to select a continuous range of channels.
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2. Right-click somewhere on the gray mixer panel.
The Mixer context menu appears.

3. Select “Link Channels” from the context menu.

= To unlink channels, select one of the linked channels and
select “Unlink Channels” from the Mixer context menu.

The channels are unlinked. Note that you do not have to select all the
channels that are linked, only one of them.

= It is not possible to remove individual channels from
Link status.

To make individual settings to a linked channel, press [Alt]/[Option] when
changing the setting.

What will be linked?
The following rules apply for linked channels:

= Only level, mute, solo, select, monitor and record enable
will be linked between channels.
Effect/EQ/pan/input and output routing settings are not linked.

= Any individual channel settings you have made before
linking will remain until you alter the same setting for any of
the linked channels.

For example, if you link three channels, and one of them was muted at the
time you applied the Link Channel function, this channel will remain muted
after linking. However, if you mute another channel all linked channels will
be muted. Thus, the individual setting for one channel is lost as soon as
you change the same parameter setting for any of the linked channels.

= Fader levels will be “ganged”.

The relative level offset between channels will be kept if you move a
linked channel fader.
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The three channels shown are linked. Pulling down one fader changes
the levels for all three channels, but keeps the relative level mix.

= By pressing [Alt]/[Option], you can make individual set-
tings and changes for channels that are linked.
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= Linked channels have individual automation tracks.
These are completely independent, and are not affected
by the Link function.

The Window submenu

The Mixer context menu, opened by right-clicking anywhere
on the Mixer window background, provides the Window
submenu. lts options are handy for quickly switching to an-
other open mixer window, showing/hiding the different
mixer panes etc. It contains the following options:

= Show Routing View
Allows you to show/hide the topmost section of the mixer which contains
the input/output routing settings.

= Show Extended View
Allows you to show/hide the middle section of the mixer, where you can
display different settings for the channels (EQs, Send effects, etc.).

= Next Mixer
This displays the next mixer window (if you have several mixer windows
open).

Saving mixer settings

It is possible to save complete mixer settings for all or all
selected audio-related channels in the mixer. These can
later be loaded into any project. Channel settings are saved
as mixer settings files. These have the file extension “.vmx”.
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1 Save All Mixer Settings

Right-clicking somewhere in the mixer panel or in the
Channel Settings window brings up the context menu
where the following Save options can be found:

= “Save Selected Channels” will save all channel settings
for the selected channels.
Input/output routings are not saved.
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= “Save All Mixer Settings” saves all channel settings for
all channels.

When you select any of the above options, a standard file
dialog opens where you can select a name and storage lo-
cation on your disk for the file.

/N Saving mixer settings does not apply to MIDI chan-
nels in the mixer — only audio-related channels
(group, audio, instrument, effect return, VSTi and Re-
Wire) are saved with this function!

Loading mixer settings

Loading Selected Channels

To load mixer settings saved for selected channels, pro-
ceed as follows:

1. Select the same number of channels in the new project
to match the number of channels you saved settings for in
the previous project.

For example, if you saved settings for six channels, select six channels in
the mixer.

= Mixer settings will be applied in the same order as they
were in the mixer.

Thus, if you save settings from channels 4, 6 and 8 and apply these set-
tings to channels 1, 2 and 3, the settings saved for channel 4 would be
applied to channel 1, the settings saved for channel 6 to channel 2 and
so on.

2. Right-click the mixer panel to open the context menu,
and select “Load Selected Channels”.
A standard file dialog appears, where you can locate the saved file.

3. Select the file and click “Open”.
The channel settings are applied to the selected channels.

A\

Loading mixer settings does not apply to MIDI chan-
nels in the mixer — only audio-related channels (group,
audio, instrument, effect return, VSTi and ReWire) are
saved and can be loaded with this function!

If you choose to apply mixer settings to fewer chan-
nels than you saved, the order of the saved channels
in the mixer applies — i.e. the saved channels that are
“left over” and not applied will be the channels with

the highest channel numbers (or furthest to the right
in the mixer).
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Loading All Mixer Settings

Selecting “Load All Mixer Settings” from the context menu
allows you to open a saved mixer settings file, and have
the stored settings applied to all channels for which there
is information included in the file. All channels, output set-
tings, VST Instruments, sends and “master” effects will be
affected.

= Please note that if the saved mixer settings were for
24 channels, for example, and the mixer you apply it to
currently contains 16 channels, only the settings for chan-
nels 1 to 16 will be applied — this function will not auto-
matically add channels.

About the VST Performance window

(‘ VST Performance

The VST Performance window is opened from the Devices
menu. The window shows two meter displays: The ASIO
meter, which indicates CPU load, and the Disk meter,
which shows the hard disk transfer rate. It is recommended
that you check this from time to time, or keep it always
open. Even if you have been able to activate a number of
audio channels in the project without getting any warning,
you may run into performance problems when adding EQ
or effects.

= The ASIO meter (at the top) shows the ASIO time us-
age, i.e. the time required to complete the current pro-
cessing tasks. The more tracks, effects, EQ etc. you use in
your project, the longer processing will take, and the
longer the ASIO meter will show activity.

If the red Overload indicator lights up, you need to decrease the number
of EQ modules, active effects and/or audio channels playing back simul-
taneously.

= The lower bar graph shows the hard disk transfer load.
If the red overload indicator lights up, the hard disk is not supplying data
fast enough to the computer. You may need to reduce the number of tracks

playing back by using the Disable Track function (see “About track disable/

enable” on page 63). If this does not help, you need a faster hard disk.
Note that the overload indicator may occasionally blink, e.g. when you lo-
cate during playback. This does not indicate a problem, but happens be-
cause the program needs a moment for all channels to load data for the
new playback position.

= The ASIO and Disk load meters can also be shown on
the Transport panel (as “Performance™) and on the Project
window toolbar (as “Performance Meter”).

There they are shown as two miniature vertical meters (by default at the
left side of the panel/toolbar).
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VST Mixer Diagrams
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Background

Large console Monitoring sections

In traditional analog studios, the audio console maintained
control over every audio signal in the studio, including the
control room monitors, headphone systems, external
2-track tape machines and communications such as the
talkback system.

The console itself provided a means of creating multiple
cue mixes for performers in the studio. Using available aux
sends, the engineer could create multiple cue mixes for
the various performers, each one having a unique mix tai-
lored for that person or group of performers.

With the advent of the DAW, many of the functions of the
console started being performed inside the audio soft-
ware, allowing for more flexibility and instant recall of any
setting. In many studios, the console sat idle except for
adjusting the playback level of the speakers, switching to
monitor external devices and routing signals to head-
phones and other cue mix playback systems.

Smaller hardware units have been made to replace the
monitoring section using a simple volume knob with
speaker and input switches. Some even include a talkback
system and headphone amplifiers.

Surround sound

With more and more surround recording and mixing being
performed in the DAW environment, the needs of the mon-
itoring section have become magnified. Surround speaker
setups must be able to work with smaller, stereo speakers
and even mono speaker systems. Switching back and forth
between them can become quite complicated. Also, the
ability to perform downmixes of multi-channel audio is
needed on a regular basis for many audio professionals.

Virtual Control room - The concept

The concept behind creating the Control Room features in
Cubase was to divide the studio environment into the per-
forming area (studio) and the engineer/producer area (con-
trol room) common to traditional studios. Previously, an
analog console or some method of speaker control and
monitor routing was necessary to provide this functionality
to the DAW environment.
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With its Control Room Mixer and Control Room Overview
features, Cubase provides all the functionality of the ana-
log console’s monitoring section, along with many more
features, in a virtual, VST-based audio environment where
flexibility and instant recall are expected.

Control Room features

The following features are available for the Control Room
Mixer:

Support for up to four sets of monitors with various speaker
configurations from mono up to 6.0 Music or Cine speaker
systems.

Dedicated Headphone output.

Support for up to four discrete cue mix outputs called “Studios”.
Dedicated Talkback channel with flexible routing and automatic
record defeat.

Support for up to six external inputs with configurations up to
6.0 surround.

Click track routing and level control to all Control Room out-
puts.

Flexible Listen Bus options with the Listen Dim setting that
allows Listen-enabled tracks to be heard in context with the
whole mix.

Listen Bus Enabling on both Control Room and Headphone
outputs.

User-definable downmix settings using the MixConvert plug-in
for all speaker configurations.

Individual speaker soloing for all speaker configurations.
Multiple inserts on each Control Room channel for metering
and surround de-coding among other possibilities.

Monitor Dim function with adjustable level.

User-defined Calibrated Monitor level for post-production
mixing in a calibrated environment.

Adjustable Input Gain and Input Phase on all external inputs
and Speaker outputs.

Full-sized meters on every Control Room channel.

Support for up to four aux sends (Studio Sends) for creation
of discrete cue mixes for performers. Each Studio output has
its own cue mix.

The ability to disable the Control Room Section when working
with an external monitoring solution or console.
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Control Room operations

In traditional analog studios, the control room section of
the console contained the most used set of controls in the
whole studio. Often, the studio monitor level had all the
markings rubbed off from so much use.

The need to constantly be able to switch monitoring
sources, adjust the volume of monitors and route various
cue mixes and other sources to headphone systems is the
norm in most sessions. Meeting the needs of several per-
formers in the studio plus a producer and the engineer be-
comes a constant task that requires flexibility and ease of
operation. Communication between everyone must be
flawlessly clear without intruding on the creativity of per-
formers.

With all this in mind, the Cubase Control Room Mixer is
designed to fill those needs with a simple yet highly flexi-
ble solution. The virtual mixing environment of VST is the
ideal solution to the varied needs of a control room matrix.
With a virtual mixer, a high degree of customization and
precise settings are possible with the ability to completely
recall these settings at any time.

Configuring the Control Room

The Control Room features are configured in several loca-
tions within Cubase.

= The VST Connections window has a tab labelled “Studio” in
which the hardware inputs and output are defined for the
Control Room channels.

* On the Devices menu you will find the Control Room Over-
view that gives you a visual overview of the Control Room
channels and signal flow.

= On the Devices menu you will find the Control Room Mixer
which allows operation of the Control Room features.

* In the Preferences dialog (VST—Control Room page) you will
find some general Control Room settings.

VST Connections - Studio tab

The Studio tab of the VST Connections window is where
you configure the inputs and outputs for the Control Room
Mixer. For more information, see the chapter “VST Connec-
tions: Setting up input and output busses” on page 13. By
default, one stereo Monitor channel is created after install-
ing Cubase.

Control Room channels

There are five types of channels that you can create, each
defining either an input or output of the Control Room
Mixer. As more channels are created, the Control Room
Mixer expands to display controls for each channel.

= Monitors

Each Monitor channel is a set of outputs that are connected to monitor
speakers in the Control Room. Each Monitor can be configured for a
mono, stereo or up to 6.0 surround speaker configuration. Up to four
Monitors can be created, each with a different speaker configuration.

= Phones

The Phones channel is used by the engineer in the control room for
checking cue mixes and as another option for listening to the mix or ex-
ternal inputs on a pair of headphones. It is not intended for cue mixes that
performers use while recording. Only one stereo Headphone channel is
available.

= Studios

Studio channels are intended for sending cue mixes to performers in the
studio during recording. They have talkback and click functions and can
monitor the main mix, external inputs or a dedicated cue mix. Up to four
Studios can be created allowing four discrete cue mixes for performers.
= External inputs

External inputs are for monitoring external devices such as CD players,
multi-channel recorders or any other audio source. Up to six external in-
puts can be created with various configurations from mono up to 6.0 sur-
round.

= Talkback

The Talkback is a mono input used for a communications system be-
tween the control room and performers in the studio. Only one mono
Talkback channel is available.

Control Room channels cannot share hardware inputs or
outputs with external FX or external instruments, as de-
fined in the VST Connections window (see “Connecting
the external effect/instrument” on page 20). As you create
connections for each channel, only those device ports that
have not been used for external FX or instruments will be
available.
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A great deal of confusion can result if outputs and Monitor
channels share the same device ports. As a starting point,
set all the outputs to “Not Assigned” while the Control
Room is set up.

/N The Control Room Mixer is designed to display infor-
mation and controls only for the channels you have
defined in the VST Connections dialog. For example, if
you have not defined any Studio channels, they will
not appear in the Control Room Mixer. The Control
Room Overview displays all the possible channels but
only highlights the ones that have been defined. To
see all available controls in the Control Room Mixer,
start by creating the maximum amount of channels on
the Studio tab of the VST Connections window.

Creating a Control Room channel

To create a new channel, open the the Studio tab of the
VST Connections window and click on the Add Channel
button. A pop-up menu lists all available channel types
along with how many of each type are available. Select the
type of channel you wish to create. For most channel types
a dialog opens, allowing you to choose the configuration of
the channel (stereo, 5.1, etc.).
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The Studio tab of the VST Connections window showing several Con-
trol Room channels

After clicking OK, the new channel will appear in the VST
Connections window. For each audio path an audio device
must be selected. You can assign device ports to channels
in the same fashion as assigning any VST connection.

/N\  Note that the port assignments for all Control Room
channels except Monitor channels are exclusive,
meaning that you cannot assign the same device
port to an input or output and a Control Room chan-
nel at the same time.

/N Monitor channels, however, can share device ports
with each other as well as inputs and outputs. This
can be helpful if you use the same speakers as a ste-
reo pair and also as the left and right channels of a
surround speaker configuration. Switching between
monitors that share device ports will be seamless,
providing any downmix of multi-channel audio to ste-
reo if needed. Only one monitor set can be active at
a time.

Monitors

Create a Monitor channel for every set of speakers in your
studio. A typical post-production studio could have one
set of 5.1 surround speakers, another stereo set of speak-
ers and even a single, mono speaker for checking bal-
ances for mono broadcast. The Control Room Mixer will
allow you to switch speakers easily. Each set of Monitors
can have its own custom downmix settings, input gain and
input phase adjustments.

Phones

Create a Phones channel if you intend to listen to head-
phones in the control room. The Phones channel is not in-
tended for use by performers in the studio. It is designed
for the engineer to quickly listen to any source in the stu-
dio, including the four cue mixes, as a reference.

/N The Phones channel is stereo only.

Studios

Create a Studio channel for each cue mix you wish to cre-
ate for performers in the studio. For example, if you have
two available headphone amplifiers for performers to use,
create two Studio channels, one for each headphone mix.
There are four available Studio channels.

A Studio channels can either be mono or stereo.
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External inputs

Create external input channels for every playback device
you wish to be able to monitor in the Control Room. There
are six available external inputs with channel configura-
tions from mono up to 6.0 surround. Use external inputs to
quickly listen to CD players, master recorders, or other
workstations.

VAN you select external inputs as input source of an au-
dio channel, you can record them. In this case, you
will not need to assign the device ports to the input
channel (see “Routing” on page 18).

Talkback

Create a Talkback channel if you have a microphone in the
control room available for communication with performers
in the studio. The Talkback channel can be routed to each
Studio channel with variable levels in order to optimize
communications between the control room and perform-
ers. It is mono only.

Additionally, the Talkback is available as a possible input
source for audio tracks. You can record from the Talkback
just like any other input.

/N Inserts are available on the Talkback and all other
Control Room channels. A compressor/limiter can
be inserted on the Talkback channel to ensure that
erratic levels do not bother performers and clear
communication with everyone is possible.

Disabling the Control Room

Once you have created all the channels for your studio con-
figuration, the Control Room functions are available for use.
If you need to use Cubase without the Control Room func-
tions, you can simply press the Disable Control Room but-
ton on the Studio tab of the VST Connections window. Any
channels you have created are saved and when you enable
the Control Room again, that configuration is reloaded.

You can also create presets for the Control Room config-
uration in the same manner as for inputs and outputs, see
“Other bus operations” on page 17.
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Outputs = Main Mix

For the Control Room to function correctly, the Main Mix on
the Outputs tab must be assigned to the set of outputs that
actually contains your final mix signal. If you only have one
output bus, it will be the Main Mix by default.

If you have more than one output bus defined, you can
choose another bus as Main Mix by right-clicking on the
name of the output and selecting “Set ‘Out’ as Main Mix".
The Main Mix is marked by a small speaker icon to the left
of its name.

Buz Mame

| Audio Davice
4510 2.0 -¥5L2020

| Speskers
Stereo

Alwaps on Top

Add Bus * ¥ 2.0-vsL2020

Femove Bus

Selecting an output bus as Main Mix in the VST Connections window.

Outputs other than the Main Mix are not routed through the
Control Room Mixer. They can, however, share the device
ports of Monitor channels in the Control Room.

Output click enabling

There may be a situation when you want the click to be
routed always to a specific output bus, regardless of the
actual Control Room settings, or indeed when the Control
Room is disabled. In these cases, enable the click on spe-
cific outputs using the Click column on the Outputs tab in
the VST Connections window.
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The Output tab showing the Main Mix and a second stereo output that
is click enabled.

/N The click will only be heard in outputs that are as-
signed to device ports. Be aware that the click can
also be routed to device ports using the Control
Room features.
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/N Sharing audio device ports between outputs and
Control Room channels can cause confusing behav-
ior and possible overload of those ports without any
indication from Cubase. It is advisable to disconnect
all outputs from all device ports when first configur-
ing the Control Room.

Be aware that some audio interfaces allow very flexi-
ble routing within the hardware itself. Certain routing
configurations could cause overloads and possible
damage to speaker equipment. Consult the hard-
ware documentation for further information.

The Control Room Overview

You can access the Control Room Overview from the De-
vices menu. The Control Room Overview is designed to
display the current configuration of the Control Room. The
window shows all possible channels, with active channels
highlighted once they have been created in the VST Con-
nections window. Channels that are grayed out have not
been defined in the VST Connections window.

The Control Room Overview allows you to see the signal
flow through the Control Room Mixer. All the routing func-
tions of the Control Room Mixer are duplicated in the
Overview.
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(' Control Room Overview
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Open the Control Room Mixer and the Control Room Over-
view windows side by side. As you operate the controls in
the Mixer you will see the various pale green squares light
up in the Overview, indicating changes in signal flow. You
can also click the squares in the Overview and watch the
controls in the Mixer reflect the changes in signal flow.
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The Control Room Mixer

2. 3.

(‘ Control Room Mixer

29.

28.

27.
26.

25.
24,

23.

21,

The Control Room Mixer is where you access all the fea-
tures of the Control Room. The Control Room Mixer can
be resized to accommodate more channels and to display
more controls.

It has a variety of controls, some that are similar to the Pro-
ject Mixer and some that are unique to Control Room op-
erations. The following diagrams show every control,

followed by a brief description of what each control does.

&

1. Input Phase

Each external input and Monitor speaker output has an Input Phase re-
versal switch. When lit, all audio paths within the channel have their
phase reversed.

2. Input Gain

Each external input, Monitor speaker output and the Talkback input has
an Input Gain control. When an external input or Monitor becomes ac-
tive, the Gain settings are recalled.
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3. Channel inserts

Each channel in the Control Room Mixer has inserts available. While most
channels have six pre-fader and two post-fader inserts, the external inputs
and Monitors only have six pre-fader inserts.

4. Channel configuration
This displays the current configuration of audio paths in the channel, e.g.
Stereo, or 5.1.

5. Channel labels
This displays the name of the channel as defined in the VST Connections
window.

6. Expansion controls
There are several arrow buttons that open and close various panels of
the Control Room Mixer. By default, all extended panels are hidden.

7. Control Room and Headphone input selectors

These buttons allow the selection of various input sources for the Con-
trol Room and Headphone channels. The choices are External Input,
Main Mix, or any one of the four Studio channels.

8. Use Reference Level

When you click this button, the Control Room Level is set to the refer-

ence level set in the Preferences, e.g. a level for calibrated mixing envi-
ronments such as film dubbing stages. Press [Alt]/[Option] and click on
this button to set the Preferences reference level setting to the current

Control Room level.

9. Show Meters/Inserts button
This allows you to switch between the display of Meters and Inserts for
the extended Mixer view.

10. Listen Bus AFL/PFL
This button determines whether the source signals sent to the Listen bus
are pre-fader (PFL) or post-fader (AFL).

11. Listen Activate/Deactivate All Listen
When lit, this indicates that one or more channels in the Project Mixer are
Listen enabled. Clicking this button deactivates Listen for all channels.

12. Listen DIM Level

This gain control adjusts the volume of the Main Mix when channels have
been put in Listen mode. This allows you to keep Listen enabled chan-
nels in context with the Main Mix. If the Listen DIM is set to minus infinity,
Listen enabled channels will be heard by themselves. Any other setting
leaves the Main Mix at a lower level.

13. DIM Signal

This turns the Control Room level down by a preset amount (the default
setting is -30dB). This allows a quick reduction in monitor volume with-
out disturbing the current monitor level. Clicking on the DIM button again
returns the monitor level to the previous setting.
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14. Activate Talkback

Click the TALK button to turn on the Talkback system, allowing commu-
nication between the control room and performers in the studio. There
are two modes of operation: momentary mode used by clicking and hold-
ing the Talk button, and latch mode where clicking once turns the Talk-
back on until you click it again to turn it off.

15. Talkback DIM Level

When the Talkback is enabled, this control allows you to determine how
much the output of all the channels in the Control Room Mixer is re-
duced. This prevents unwanted feedback. If the Talkback DIM level is set
to 0dB, no change will occur in the Control Room channels.

16. Cycle Downmix Preset Selection

The Control Room allows four different Speaker downmix settings for au-
ditioning with various speaker configurations. Clicking this button cycles
through the four downmix presets. Various icons appear to show which

preset is active.

17. Cycle Monitor Selection

Pressing this button changes the Monitor selection to the next available
set. As Monitors are changed, so are the downmix presets, Monitor in-
serts, Input Gain and Input Phase controls associated with that Monitor
set.

18. Listen Enable for Output

This turns on Listen bus functions for either the Control Room or Head-
phone output. If this is not enabled, the Listen bus will not be routed to
that channel.

19. Listen Level for Output

This level adjustment determines how loud Listen bus signals are when
routed to the Control Room or Headphone output. Clicking on the num-
ber pops up a fader control for adjustment.

20. Studio input selectors
For Studio Channels, the input choices are External Input, Aux (from Studio
Sends) or Main Mix.

21. Activate channel buttons
These buttons turn each channel’s output on or off. When lit, the channel
is on.

22. Channel labels
These labels reflect the names created in the VST Connections window.

23. Talkback amount to Studio
This pop-up fader controls the amount of Talkback signal fed to the output
of each Studio.

24. Talkback Enable to Studio

In order for Talkback signals to be routed to a Studio, this button must be
lit. Clicking on it turns it on or off. When Talkback Enable is deactivated,
the Talkback DIM setting has no effect on this output.
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25. Metronome Level and Pan
The Level and Pan controls determine how the Metronome will be heard
in each channel. These controls are independent for each channel.

26. Activate Metronome Click
This determines whether click signals are sent to each channel. When lit,
click signals will be heard in that output.

27. Channel Level control
This is the main volume for each Control Room output. These faders do not
affect recording input levels or the Main Mix level for exporting mixdowns.

28. External input switching

There are six available external inputs. These buttons determine which ex-
ternal input is currently being used. The names for each external input are
displayed here as they were created in the VST Connections window.

29. Signal Presence Indicators
In the Preferences dialog, there is an option to display these Signal Pres-
ence Indicators as a substitute for the full size meters.

35.

40.

42,

The Monitor controls in the Control Room Mixer

30. Individual speaker Solos

Each speaker icon is a solo button for that channel. [Shift]-clicking a
speaker will solo all the speakers in that row (front or rear). [Ctrl]/[Com-
mandl]-clicking on a speaker that is already soloed will mute that speaker
and solo all other channels.

31.LFE Solo
The plus icon solos the LFE channel.

32. Solo Front Channels
This button solos all front speakers.

33. Solo Left and Right Channels
This button solos the left and right channels.

34. Solo Rear Channels

This solos all rear channels.

35. Cancel Speaker Solo
This button defeats all speaker solos, resetting them to normal playback.

36. Listen to Solo Channels on Center Monitor

When this button is enabled, all speakers that are soloed will be heard in
the center channel if there is one in the configuration. If not (as with stereo)
the soloed channel will be heard equally in both left and right speakers.

37. Listen to Rear Channels on Front Monitors
This button solos the rear channels and routes them to the front
speakers.

38. Open MixConvert Settings
Clicking on this tab opens the MixConvert plug-in used to downmix
multi-channel signals for monitoring.

39. Downmix labels

This area displays the names of the four downmix presets. You can click
on a name to change it. A “?" appears when there is no preset defined
for that downmix.

40. Downmix Preset Selection
With these buttons you can select the downmix preset for the current
Monitor.

41. Monitor labels

This area displays the names of the four possible Monitors. The names
are created in the VST Connections window when you define a Monitor
channel.

42, Monitor selection

With these buttons you can select the current Monitor set. Each Monitor
has its own settings including downmix preset, solo enables, inserts, in-
put gain and input phase. These settings are automatically recalled when
a Monitor is selected.

Configuring the Control Room Mixer

In order to display more controls in the Control Room Mixer,
the small arrows at the lower left and right corners can be

clicked to open or close the extended speaker controls on
the right (“Right Strip”) and the External Input and Talkback
controls on the left (“Left Strip”).

The arrow in the upper right corner of the Control Room
Mixer extends the Mixer vertically to display meters and in-
serts (“extended view"). A second arrow appears above
the inserts and meter display. Extending the Mixer using
this arrow exposes the Input Gain and Input Phase con-
trols, the channel configuration and the name of each
channel (“routing view”).
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The different Control Room Mixer panels are handled in
the same way as the Project Mixer panels, see “Configu-
ring the mixer” on page 112.

A You can also use the Window submenu on the Con-
trol Room Mixer context menu to show/hide the dif-
ferent panels, just as in the Project Mixer.

Control Room inserts and meters

In the extended view of the Control Room Mixer the meters
are visible. They function the same way as the ones in the
Project Mixer.

When you click on the Show Meters/Inserts button to the
right of the meters/inserts display, the view changes to
show inserts instead of meters. Alternatively, these can
also be displayed by deactivating the Show Meters option
on the Window submenu of the Control Room Mixer con-
text menu.

Each Control Room channel has a set of inserts configured
as six pre-fader and two post-fader inserts. External inputs
and Monitor channels only have the six pre-fader inserts.

<+ Control Room Mixer

BEX

The extended view with the Show Inserts/Meters button highlighted

If you do not wish to see full sized meters but still want
some indication of signal activity, activate the option “Sig-
nal Presence Indicators” in the Preferences (VST—Control
Room page). They will be displayed next to the input se-
lection buttons and indicates signal presence for all inputs.

Control Room Mixer channels with active Signal Presence indicators
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Inserts for external inputs

Each external input has its own set of six inserts. By click-
ing the button next to the name of an external input at the
left of the Mixer window the inserts associated with that
channel are displayed in the extended view.

Inserts for the Talkback channel

The Talkback channel has a separate set of eight inserts.
In order to view and adjust them, the Talkback must be en-
abled via the TALK button located in the bottom right sec-
tion of the Control Room Mixer. Click once on the TALK
button to activate the Talkback system. The inserts for ex-
ternal inputs are now replaced with the Talkback inserts.
Once the Talkback is disabled, the view reverts to external
input inserts.

/N You can easily identify the inserts for the Talkback
since they have six pre-fader and two post-fader in-
serts while the external inputs only have six pre-fader
inserts. If the Control Room Mixer is fully expanded,
the name displayed at the very top of the Mixer will re-
flect which channel is currently in the extended view.

Monitor Inserts

Each Monitor channel has a set of six inserts. These in-
serts are all post Control Room fader level and are most
useful for surround decoding or brickwall limiting to pro-
tect sensitive monitor speakers.

Each set of monitors has its own Input Phase and Input
Gain settings available in the top section of the extended
Control Room Mixer. In addition, there are speaker solo
icons along with various soloing modes and speaker rout-
ing options in the Speaker Solo panel.

The Speaker Solo panel

= Use the speaker solos to test your multi-channel
speaker system and ensure that the proper channels are
routed to each speaker.
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Just below the configuration display, all settings for auto-
matic downmixing of multi-channel sources are shown.
There are four downmix presets. Some will automatically be
configured for the sets of monitors you have defined. Each
preset is adjustable with the MixConvert plug-in, which you
access by clicking the small arrow icon above the Downmix
Presets section.

k Click here to open the MixConvert
control panel.

Eren

hano

The Downmix Presets section

/N Automatic configuration of the downmix settings fol-
lows a logical path. For example, if you have defined
one set of 5.1 monitors and another set of stereo
monitors, Cubase will create a 5.1 to stereo downmix
preset and another downmix to mono. You can mod-
ify all the settings for each downmix preset using the
MixConvert plug-in.

The Main Mix and the Control Room channel

The channel configuration of the “Main Mix" (the default
output) determines what the channel configuration of the
Control Room channel will be. Switching between a project
that has a stereo Main Mix to a project that has a 5.1 Main
Mix will cause the Control Room channel in the Control
Room Mixer to change from a stereo to a 5.1 configuration.

The Main Mix configuration also determines the layout of
the Speaker Solo panel. If the Main Mix is stereo, there will
only be a left and right speaker in the solo panel.

Any external input that has more channels than the Main
Mix will not be heard correctly when routed to the Control
Room channel. Only the channels available will be heard.

= If a 5.1 external input is routed to a stereo Control
Room channel, only the left and right channels will be heard
even if a 5.1 Monitor is selected. Only two channels can be
routed through a stereo Control Room channel. You could
use an instance of MixConvert on the external input's in-
serts to downmix the material to stereo in order to hear it.

Suggested settings

With all the versatility that the Control Room provides
there are also opportunities for confusion when first set-
ting up the Control Room. The following list contains sug-
gestions that could help to quickly set up the Control
Room to get started for recording and mixing.

= If you do not have a master recording device and only use the
Export Mixdown function to create finished mix files, set your
Main Mix output to “Not Assigned”. This eliminates many con-
fusing errors and unpredictable behavior since outputs and
Control Room Monitors can share hardware outputs. The
Main Mix is automatically routed to the Control Room channel
and will not be affected.

= Create one stereo Monitor to familiarize yourself with the Con-
trol Room level controls, DIM settings, the Listen Bus and
other monitoring features. Once you have become acquainted
with some of these functions, create additional Monitors for
every set of speakers you intend to use.

= Use the inserts on Monitor channels for surround decoding
and bass management plug-ins among other things.

= Use the inserts on the Control Room channel for metering and
spectral analysis plug-ins. All solos including the Listen Bus
will come through the Control Room channel allowing analysis
of individual sounds.

= A brickwall limiter in the last insert of the Control Room chan-
nel can prevent accidental overloads and damage to speaker
systems.

= Use the inserts for the Talkback channel to control the dynam-
ics of the talkback microphone. This will help protect perform-
ers’ hearing and ensure that everyone can be heard over the
talkback microphone.

= Use the Gain settings on the external inputs to level balance
CD players and other sources to the Main Mix level for A/B
comparisons.

= Use the Gain settings on each Monitor to level balance all your
monitor systems. Switching between sets of speakers will re-
sult in the same playback volume.

= Use the calibrated Control Room level for film or DVD mixing.
Set this level to the proper speaker volume as determined by
the mixing standard you choose to follow.
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Control Room preferences
There are several preferences for the Control Room Mixer.

These are found in the Preferences dialog (VST—Control
Room page).

<+ Preferences
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The Control Room Preferences

Most of these preferences deal with what options are visi-
ble in the Control Room Mixer. This allows you to custom-
ize the layout of the Mixer and only have the controls
visible that you use the most.

The other preferences have the following functionality:

= Show Control Room Volume in Transport Panel

This option makes the small fader at the right-hand side of the Transport
Panel control the Control Room level. When this option is not activated
(or the Control Room is disabled), that fader controls the level of the
Main Mix bus.

= Disable Talkback during Recording

When activated, this option will turn off the Talkback channel when the
transport enters record mode. It is advisable to set the Talkback DIM to
0dB when using this feature so as not to radically change the mix level
when punching in and out of record mode.

= Use Phones Channel as Preview Channel

When activated, the Headphone output will be used for Preview options
such as import preview, scrubbing, offline process preview and certain
Sample Editor operations. Note that when using the Headphones output
for preview, the Control Room channel will no longer output preview audio.

= Dim Studio during Talkback

When this option is enabled, the cue mix heard in a Studio will be dimmed
(by the amount set in the Talkback Dim Level field (below the TALK but-

ton) for as long as the Talkback channel is used. When disabled, the cue
mix level remains the same during Talkback.
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* Reference Level
This setting determines the Control Room level used when the Refer-
ence Level button is activated.

= Main Dim Volume
This is the amount of gain reduction applied to the Control Room chan-
nel when the DIM button is activated.

Studios and Studio Sends

Studio Sends are displayed in the Cubase Project Mixer
and the Inspector. Each Studio Send is intended for the
creation of a discrete cue mix for performers to listen to
during recording. Studio Sends are essentially stereo aux
sends that are routed to Studio outputs in the Control
Room Mixer. There are up to four Studios and Studio
Sends available.

Configuring Studio Sends

Studio Sends only become active when a Studio channel
has been created in the VST Connections window. Other-
wise they remain grayed out. For every Studio defined in
the VST Connections, every channel in the Project Mixer
has an additional aux send with level, pan and pre/post-
fader selection. This aux send is used to create a mix for a
performer to listen to while recording.

= In the Project Mixer, the Studio Sends are accessed by
choosing the Studio Sends option from the View options
pop-up menu in each channel or by clicking the star icon
(“Show Studio Sends”) on the common panel of the ex-
tended Project Mixer.

Empty
Inserts
Eds

EQs Curve
Sends
Sends 1-4
Sends 5-8
Panrer
Meter
Ovwerview
User Panel

Can Hide

il
[m])

i

The Studio Sends view in the Project Mixer
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= In the Inspector, a Studio Sends tab can be found. This
displays all Studio Sends for the selected track.

Please note that not all Inspector sections are available by default. To
show/hide a section, right-click on an Inspector section and select/dese-
lect the corresponding option on the context menu.

The Studio Sends tab in the Inspector

Each Studio can have a unique name in order to help
identify what it is being used for. For example, the four
Studios could be named:

= Vocalist Mix

= Guitarist Mix
= Bassist Mix

* Drummer's Mix

The name of each Studio is displayed in the Control Room
Mixer. To hear the Studio Sends mix in the Studio output,
the input selector for each Studio must be set to “Aux”.

=)

(‘ Control Room Mixer

A Studio channel in
the Control Room
Mixer with its input
set to Aux.

Setting up a Studio cue mix

The Studio Sends are very flexible. There are several ways
to create a cue mix for each Studio in a very fast and effi-
cient manner. Simple “more me” mixes and more complex
discrete mixes are easily accommodated by the Studio
Sends.

Using fader and pan settings from the Project Mixer

You can create a cue mix from the fader and pan levels al-
ready used in the Project Mixer and then alter them to
meet the needs of an individual performer. You can do this
with any single channel or group of channels at any time.
To copy fader and pan information from the main mix, pro-
ceed as follows:

1. In the Project Mixer, select all the channels that you
wish to copy settings from.
The following operations affect only selected channels.

2. In the Control Room Mixer, right-click anywhere in a
Studio Channel's mixer strip to open the context menu
that has the Studio’s name as a submenu.

This submenu contains all the Studio Send functions for that Studio. If
you open the context menu outside of a Studio mixer strip, the submenu
will be for All Studios.

(' Control Room Mixer

Change Studio Sends Levels
Use Currert Mix Levels
Use Current Pan Settings

Alwayz on Top |

Enable Studio Sends

Wwindowe Disable Studio Sends

Studia 1 Feset Studio Sends

The Control Room Mixer's context menu

3. Choose the “Use Current Mix Levels” option to copy
the fader levels on the selected tracks to the Studio Sends.
This option sets all Studio Send levels for the selected tracks to the
same level as the main channel fader. It also changes the Studio Send
status to pre-fader so that changes in the main mix do not affect the Stu-
dio Sends.
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4. Choose the “Use Current Pan Settings” option to
copy pan information from the main mix to the Studio
Sends on selected tracks.

Studio Sends are either mono or stereo. If the Send is mono, the pan
setting will still be copied. However, the output of the Studio Send will
be a sum of the left and right channels.

5. Choose the “Enable Studio Sends” option to activate
the Sends on selected channels.

By default, Studio Sends are not enabled even when level and pan infor-
mation is copied to them. You must enable them in order to hear the Stu-
dio cue mix.

By copying the level and pan information from the main
mix to the Studio Sends, a rough balance can be created
in a matter of moments. Next, you may alter the level and
pan settings on any channel’s Studio Sends to change the
mix to meet the performer’s needs. This may require in-
creasing the volume of the performer herself. This is often
referred to as a “more me” mix.

Adjusting the overall Studio Send level

Levels in the main mix are often optimized for the loudest
signal level possible without clipping. However, when you
are creating a “more me” mix, you may find that there is not
enough headroom available in the Studio Send to turn up
channels without clipping becoming a possibility.

Fortunately, the Studio Sends have an option to adjust
multiple send levels at the same time, allowing you to keep
the blend intact while lowering the overall volume to make
room for “more me” signals.

Once you have created a Studio Send mix, proceed as
follows to adjust their relative levels.

1. Select all the channels you wish to modify.
Only selected channels are affected by the context menu commands.

2. Right-click anywhere in the Studio mixer strip on the
Control Room Mixer to open the context menu for that
Studio.

You may also use the context menu outside of the Studio strip to adjust
all four Studio Sends on the selected channels at the same time.

3. Choose the “Change Studio Sends Level” option from
the Studio submenu.

This will bring up a gain window with a checkbox that reads “Relative
Mode". Make sure this is activated if you want to adjust already existing
levels.
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4. Either use the up and down arrow buttons or click on
the numeric readout to open a pop-up fader and adjust
the gain as necessary.

The level of all selected Studio Sends will be adjusted by the amount
shown here. For example, if the amount reads -3dB, then each Studio
Send level is reduced by 3dB.

5. Click OK to change the level.
It is possible to view these changes as they occur if you have the Project
Mixer open and the extended view set to show the Studio Sends.

(‘ Change Studio Sends Levels

Relative Made

[ ok

H Cancel ]

AN you deactivate the “Relative Mode” option, all Stu-
dio Sends will be set to the same absolute level.
While the dialog window is still open, you may check
the “Relative Mode” box again and reload the previ-
ous relative levels. Only when you click OK, will the
level settings be made permanent. Choosing Cancel
returns all Send levels to their previous settings.

Using Studio Sends from outputs

Each output also has Studio Sends. Studio Sends from
the Main Mix output can be used to route the main mix in-
stantly to the Studio output.

Any level changes made to the main mix are reflected in
the signal sent by the Studio Send. Setting the level lower
than 0dB can leave headroom for “more me” signals in the
Studio channel output.

Post-Fader Studio Sends

It is also possible to use the Studio Sends as post-fader
aux sends. This is another way for the cue mix to follow
changes made to the Main Mix. The Reset function is very
helpful in this regard.

To reset the Studio Sends to the post-fader default level
of -6dB, proceed as follows:

1. Select all the channels you wish to reset.
Studio Send commands only work on selected channels.
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2. In the Studio Channel mixer strip right-click to open
the context menu. In the Studio submenu, select the “Re-
set Studio Sends” command.

If you open the context menu in other areas of the Control Room Mixer
besides the Studio mixer strips, the context menu commands will affect
all Studios at the same time.

3. Selecting the “Reset Studio Sends” option changes
the Send level of all selected channels to -6dB and sets
the signal source to post-fader.

The -6dB level is designed to allow for headroom for “more me” signals
in the Studio outputs.

Once all Studio Sends have been set to -6 dB, post-fader,
any changes to the main mix will also change the Studio
mix. For “more me" channels, simply turn up the level on
that channel or even set the signal to pre-fader for abso-
lute control.

Studio Send cue mix summary

Using various combinations of the above techniques
should allow you to create complex discrete cue mixes for
performers in very little time. Modifications to these mixes
can occur in the Project Mixer or the Inspector, giving you
the most accessibility for quick changes.

To familiarize yourself with how the Studio Sends work,
open the extended Project Mixer and set the view to the
Studio Sends. Follow the above examples and watch how
the Studio Sends react to various commands. This should
help you get a feel for how they function and increase the
workflow productivity of recording sessions.

149

Direct Monitoring and latency

The Control Room and Studio Sends functions use the in-
ternal processing power of the host computer system for

all routing and processing, which means they are subject

to the computer’s latency.

When recording with several performers at once, a system
capable of running at very low ASIO buffer settings will be
necessary to take full advantage of all the Studio Send
features.

Studio Sends are not capable of controlling the Direct
Monitoring features of various audio hardware interfaces.
This means that unless the internal latency of the system is
very low (128 samples or less), monitoring of record-en-
abled tracks through the Studio Sends will have some de-
lay that could affect performers during recording.

In the situation where internal latency is too much for
record monitoring, it is advisable to use the Studio Sends
for monitoring of tracks that have already been recorded
and use normal Direct Monitoring for tracks currently be-
ing recorded.

Control Room (Cubase only)
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About this chapter

Cubase comes with a number of effect plug-ins included.
This chapter contains general details about how to assign,
use and organize effect plug-ins. The effects and their pa-
rameters are described in the separate manual “Plug-in
Reference”.

/N This chapter describes audio effects, i.e. effects that
are used to process audio, group, VST Instrument
and ReWire channels.

Overview

There are three ways to use audio effects in Cubase:

= As insert effects.

An insert effect is inserted into the signal chain of an audio channel, which
means that the whole channel signal passes through the effect. This makes
inserts suitable for effects for which you do not need to mix dry and wet
sound, e.g. distortion, filters or other effects that change the tonal or dy-
namic characteristics of the sound. You can have up to eight different in-
sert effects per channel (and the same is true for input (Cubase only) and
output busses — for recording with effects and “master effects”, respec-
tively).

= As send effects.

Each audio channel has eight sends, each of which can be freely routed
to an effect (or to a chain of effects). Send effects are practical for two
reasons: you can control the balance between the dry (direct) and wet
(processed) sound individually for each channel using the sends, and
several different audio channels can use the same send effect. In Cu-
base, send effects are handled by means of FX channel tracks.

= By using offline processing (Cubase only).
You can apply effects directly to individual audio events — this is de-
scribed in the chapter “Audio processing and functions” on page 204.

About VST 3

The new VST 3 plug-in standard offers many improve-

ments over the previous VST 2 standard, yet retains full
backwards compatibility, i.e. you will still be able to use
your previous VST effects and presets.
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In the program, effects compatible with previous VST ver-
sions will be easily recognized:

>

A VST 3 effect

An effect compatible AmpSimulator
with a previous VST

version

DaTube
Distortion

SoftClipper

Cubase is able to run plug-ins originally developed for dif-
ferent platforms: you can use a 32-bit plug-in under Win-
dows Vista 64 bit, and you can use plug-ins developed for
Mac PPC on Mac Intel systems.

As the use of 32-bit plug-ins on 64-bit computers affects
the computer performance, these will be marked by an
icon in the plug-in menus.

= Please note that this functionality is provided to allow
you to load older projects including their original plug-ins
on current computers. However, the plug-ins will require
higher CPU performance when compared to their native
platform. Therefore, it is recommended to use 64 bit ver-
sions or Intel Mac (Universal Binary) versions of such
plug-ins or instruments once available.

VST Preset management

From a user perspective, the main difference between
VST 2 and VST 3 is in the effect preset management. The
“fxp/.fxb" files used in VST 2 have been replaced by
VST 3 Presets (extension “.vstpreset”). Using the preset
management features, you can assign various attributes to
your effect presets to help you quickly find the right patch.
You can also preview effect presets before you load them.
A large number of presets for effects are included with the
program. If you have any previous VST plug-ins installed
on your computer, you can still use them, and you can also
convert their programs to VST 3 presets. See “Effect pre-
sets” on page 164 for details.

Smart plug-in processing

Another feature of the VST3 standard is “smart” plug-in
processing. Previously, any loaded plug-in was processing
continuously, regardless of whether a signal was present or
not. In VST3, processing by a plug-in can be disengaged if
there is no signal present. This can greatly reduce the CPU
load, thus allowing for more effects to be used.
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This is achieved by activating the option “Suspend VST3
plug-in processing when no audio signals are received” in
the Preferences dialog (VST—Plug-ins page).

When this is activated, VST 3 plug-ins will not consume
CPU power on silent passages, i.e. when no audio data
runs through them.

Be aware, however, that this can lead to a situation where
you added more plug-ins on “transport stop” than the sys-
tem can handle on playback. Therefore, you should always
find the passage with the largest number of events playing
simultaneously to make sure that your system offers the re-
quired performance.

= Activating this option can increase your system perfor-
mance a lot in certain projects, but it also makes it more
unpredictable whether the project can play back fine on
any timecode position of the project.

About side-chain inputs

Several VST3 effects feature side-chain inputs. This
means that the operation of the effect can be controlled
via external signals routed to the side-chain input. The ef-
fect processing is still applied to the main audio signal.
See “Using the Side-Chain input” on page 161.

About plug-in delay compensation

A plug-in effect may have some inherent delay or latency.
This means that it takes a brief time for the plug-in to pro-
cess the audio fed into it — as a result, the output audio
will be slightly delayed. This especially applies to dynam-
ics processors featuring “look-ahead” functionality.

Cubase provides full plug-in delay compensation through-
out the entire audio path. All plug-in delays are compen-
sated for, maintaining the sync and timing of all audio
channels.

Normally, you do not have to make any settings for this.
However, VST3 dynamics plug-ins with look-ahead func-
tionality have a “Live” button, allowing you to disengage the
look-ahead to minimize latency, if they are to be used during
realtime recording (see the separate manual “Plug-in Ref-
erence”).

You can also constrain the delay compensation, which is
useful to avoid latency when recording audio or playing a
VST Instrument in real time. See “Constrain Delay Com-
pensation” on page 179.

About tempo sync

Plug-ins can receive timing and tempo information from
the host application (in this case, Cubase). Typically, this
is used to synchronize certain plug-in parameters (such as
modulation rates or delay times) to the project tempo.

= This information is automatically provided to any VST
plug-in (2.0 or later) that “requests it".
You do not have to make any special settings for this.

= You set up tempo sync by specifying a base note value.
You can use straight, triplet or dotted note values (1/1 to 1/32).

Please refer to the separate manual “Plug-in Reference”
for details about the included effects.

Insert effects

Background

As the name implies, insert effects are inserted into the
audio signal path — this means that the audio channel data
will be routed through the effect. You can add up to eight
different insert effects independently for each audio chan-
nel (audio track, group channel track, FX channel track,
VST Instrument channel or ReWire channel) or bus. The
signal passes through the effects in series from the top
downwards, with the signal path shown below:

Input gain

Insert effect 1

Insert effect 2

I

Insert effect 3

Insert effect 4

Insert effect 5

Insert effect 6

Volume (fader)

Insert effect 7

Insert effect 8

e
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As you can see, the last two insert slots (for any channel)
are post-EQ and post-fader. Post-fader slots are best
suited for insert effects where you do not want the level to
be changed after the effect, such as dithering (see
“Dithering” on page 155) and maximizers — both typically
used as insert effects for output busses.

= Applying several effects on several channels may be
too much for your CPU to handle!

If you want to use the same effect with the same settings on several
channels, it may be more efficient to set up a group channel and to apply
your effect only once, as a single insert for this group. You can use the
VST Performance window to keep an eye on the CPU load.

Routing an audio channel or bus through
insert effects

Insert effect settings are available in the mixer (in extended
mode), the Channel Settings window and the Inspector.
The examples below show the Channel Settings window,
but the procedures are the same for all the inserts sections:

1. Bring up the Channel Settings window.
By default, the inserts are located to the far left.

2. Pull down the effect type pop-up for one of the insert
slots, and select an effect.

Inzerts

Inzerts

i
- = Elec Guitar
v MNoEffect

Select Effect Type 1 i8S

ModMachine

Distartion

Dynamics

EQ

Filter

Mastering - UIW2ZHR
Modulation

Othar

PingPangDelay

SterecDelay

The effect is loaded and automatically activated and its con-
trol panel opens. You can open or close the control panel
for an effect by clicking the “e" button for the insert slot.

= If the effect has a dry/wet Mix parameter, you can use
this to adjust the balance between the dry signal and the
effect signal.

See “Editing effects” on page 163 for details about editing effects.

= To remove an effect, pull down the effect type pop-up
menu and select “No Effect”.

You should do this for all effects that you do not intend to use, to reduce
the CPU load.

* You can add up to 8 insert effects per channel this way.

* You can reorder the effects by clicking in the area above
the name field and dragging the effect onto another slot.

* You can copy an effect into another effect slot (for the
same channel or between channels) by holding down
[Cirl]]/[Command] and dragging it onto another effect slot.

Deactivating vs. bypassing

If you want to listen to the track without having it pro-
cessed by a particular effect, but do not want to remove
this effect completely from the insert slot, you can either
deactivate or bypass it:

Deactivating means to terminate all processing, whereas
bypassing means to play back only the unprocessed origi-
nal signal — a bypassed effect is still processing in the
background. Bypassing allows for crackle-free comparison
of the original (“dry”) and the processed (“wet”) signal.

= To deactivate an effect, click the blue button on the left
above the insert slot.

= To bypass an effect, click its Bypass button (the middle
button above the insert slot).
When an effect is bypassed, this button is yellow.

This effect is activated, and its control
panel is open.

This insert effect is bypassed.

= To bypass all inserts for a track, click the global bypass
button.

This button can be found at the top of the Inserts section in the Inspector
or the Channel Settings window. It lights up in yellow to indicate that the
inserts of this track are bypassed. In the Track list and the channel strip in
the mixer, the Inserts State button will also light up in yellow.

Inzers IE »
mEoe ¥

AmpSimulator

EIE] Bass
e @@ Rlw)

Click to Bypass Insetts (reset inserts with "ALT' + click)

o 0

Take | (Elecl Take
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Insert effects in the channel overview

If the “Channel” section is selected in the Inspector or the
“Channel Overview" view mode is selected in the extended
mixer, you will get an overview of which insert effects, EQ

modules and effect sends are activated for the channel.

You can activate or deactivate individual insert effect slots
by clicking the corresponding number (in the top part of
the overview).

Channel

The blue color of inserts 1 and 2 and the
blue Inserts State button in the channel strip
indicate that this track has active inserts.

The channel overview in the Inspector

Using mono or stereo effects with a surround
channel (Cubase only)

Whether your effect supports mono, stereo or multi-chan-
nel processing depends entirely on the effect plug-in.

Normally, when you apply a mono or stereo insert effect to
a surround (multi-channel) track, the first speaker chan-
nels of the track (often L and/or R) are routed through the
effect’s available channels, and the other channels of the
track are left unprocessed.

However, you may want to apply the effect to other speaker
channels. This is done in the Channel Settings window:

1. Right-click somewhere in the Channel Settings win-
dow (except the EQ display) to open the Channel Settings
context menu.

2. Select “Customize View” from the menu, and select
“Insert Routing” from the submenu.

The Insert Routing section appears to the left of the EQ display. It con-
tains a row of small signal diagrams.
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MonoDelay
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PingPongDelay

= Insert Routing

Equalizers

3. Double-click on the small signal diagram for the effect
to open the Routing Editor window.

L Routing Editor Slot 3 - PingPongDelay

]

Link

4 )I

The Routing Editor window

The columns in the diagram represent the channels in the
current configuration, with signals passing from top to
bottom. The gray field in the middle represents the actual
effect plug-in.

The squares above the effect represent inputs to the effect
plug-in.

The squares below the effect represent outputs from the ef-
fect plug-in.

A line that passes through the effect (with no square input/
output indicators) represent a bypass connection — the audio
on that speaker channel passes the effect without being pro-
cessed.

A “broken” line indicates a broken connection - the audio on
that speaker channel will not pass on to the output at all.

.

¢ Routing Editor Slot 3 - PingPongDelay

[

Link

< >I

Here, the effect will process the L and R channels. The Ls, Rs and C
channels are not processed, while the Lfe connection is broken.
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Operations

You can move connections to the effect inputs and out-
puts sideways to route the audio to/from inputs/outputs
other than the standard configuration. To do this, click the
arrow buttons to the right.

= The upper two arrows move the input connections, and
the lower two arrows move the output connections.

If the “Link” checkbox is activated, the input and output connections will be
moved at the same time. This is the mode to use when you simply want to
process other channels than the default, without any cross-connections.

= If you move inputs or outputs independently of each
other, this means you create a “cross-connection”.

(‘ Routing Editor Slot 3 - PingPongDelay

The audio on the Ls-Rs channels is processed in the plug-in and output
on the L-R channels. Since the L-R channels are bypassed, this means
the final L-R output will contain both the original L-R signals and the
processed Ls-Rs signals.

= If a channel is bypassed (a straight line is shown
through the plug-in) you can click the line to break the
connection.

Click again to replace the broken connection with a bypass.

= Clicking Reset takes you back to the original standard
connection.

= Changes you make in this window are audible immedi-
ately.

Adding insert effects to busses

All input (Cubase only) and output busses have eight in-
sert slots, just like regular audio channels. The procedures
for adding insert effects are the same.

= Adding insert effects to an input bus (Cubase only) al-
lows you to record with effects.

The effects will become a permanent part of the recorded audio file (see
the chapter “Recording” on page 66).
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= Insert effects added to an output bus will affect all audio
routed to that bus, like a “master insert effect”.

Typically you would add compressors, limiters, EQ or other plug-ins to
tailor the dynamics and sound of the final mix. Dithering is a special case,
as described below.

= Please note that the input/output busses only appear
as tracks in the Track list, when their automation W(rite)
buttons have been activated once. Therefore you can only
use the Inspector section to make Inserts settings for the
busses if you have activated Write automation for the re-
spective bus beforehand.

However, you can always make Inserts settings in the Channel Settings
window and the extended mixer.

Dithering

Dithering is a method for controlling the noise produced
by quantization errors in digital recordings. The theory be-
hind this is that during low level passages, only a few bits
are used to represent the signal, which leads to quantiza-
tion errors and hence distortion.

For example, when “truncating bits”, as a result of moving
from 24 to 16 bit resolution, quantization errors are added
to an otherwise immaculate recording. By adding a spe-
cial kind of noise at an extremely low level, the effect of
these errors is minimized. The added noise could be per-
ceived as a very low-level hiss under exacting listening
conditions. However, this is hardly noticeable and much
preferred to the distortion that otherwise occurs.

When should I use dithering?

= Consider dithering when you mix down to a lower reso-
lution, either in realtime (during playback) or with the Ex-
port Audio Mixdown function.

A typical example is when you mix down a project to a 16-bit stereo au-
dio file for audio CD burning.

What is a “lower resolution” then? Well, Cubase uses 32-
bit float resolution internally, which means that all integer
resolutions (16 bit, 24 bit, etc.) are lower. The negative ef-
fects of truncation (no dithering) are most noticeable when
mixing down to 8 bit, 16 bit and 20 bit format; whether to
dither when mixing down to 24 bits is a matter of taste.
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Applying dithering

1. Open the VST Output Channel Settings window by
clicking the “e" button for the Output channel in the mixer.
You can also display the Inserts section in the extended mixer pane.

2. Open the Inserts pop-up menu for slot 7 or 8.

The two last Insert effect slots (for all channels) are post-fader, which is
crucial for a dithering plug-in. The reason is that any master gain change
applied after dithering would bring the signal back to the internal 32 bit
float domain, rendering the dithering settings useless.

3. Select the included UV22HR dithering plug-in from
the pop-up menu.

The included dithering plug-ins and their parameters are
described in the separate manual “Plug-in Reference”. If
you have installed another dithering plug-in that you pre-
fer, you can of course select this instead.

4. Make sure the dithering plug-in is set to dither to the

correct resolution.

This would be the resolution of your audio hardware (on playback) or the
desired resolution for the mixdown file you want to create (as set in the

Export Audio Mixdown dialog, see the chapter “Export Audio Mixdown”
on page 419).

5. Use the other parameters in the control panel to set up
the dithering to your liking.

Using group channels for insert effects

Like all other channels, group channels can have up to
eight insert effects. This is useful if you have several audio
tracks that you want to process through the same effect
(e.g. different vocal tracks that all should be processed by
the same compressor).

Another special use for group channels and effects is the
following:

If you have a mono audio track and want to process this
through a stereo insert effect (e.g. a stereo chorus or an
auto panner device), you cannot just insert the effect as
usual. This is because the audio track is in mono — the
output of the insert effect will be in mono as well, and the
stereo information from the effect will be lost.

One solution would be to route a send from the mono
track to a stereo FX channel track, set the send to pre-
fader mode and lower the fader completely for the mono
audio track. However, this makes mixing the track cumber-
some, since you cannot use the fader.

Here's another solution:

1. Create a group channel track in stereo and route it to
the desired output bus.

2. Add the desired effect to the group channel as an in-
sert effect.

3. Route the mono audio track to the group channel.

Now the signal from the mono audio track is sent directly
to the group, where it passes through the insert effect, in
stereo.

Freezing (rendering) insert effects for a track

Effect plug-ins can sometimes require a lot of processor
power. If you are using a large number of insert effects for
a track, you may reach a point where the computer cannot
play back the track properly (the CPU overload indicator
in the VST Performance window lights up, you get crack-
ling sounds, etc.).

To remedy this, you can freeze the track, by clicking the
Freeze button in the Inspector.

Audio 06

= The Freeze Channel Options dialog is opened, allowing
you to set a “Tail” time in seconds.

This adds time at the end of the rendered file to allow reverb and delay
tails to fully fade out.

= The program now renders the output of the track, in-
cluding all pre-fader insert effects, to an audio file.
This file is placed in the “Freeze” folder within the Project folder (Win-

dows). On the Mac, the Freeze folder is stored under “User/Documents”.

= The frozen audio track is locked for editing in the Project
window.

The frozen insert effects cannot be edited or removed and you cannot
add new insert effects for the track (except post-fader effects).

= On playback, the rendered audio file is played back.
You can still adjust the level and panning in the Mixer,
make EQ settings and adjust the effect sends.

In the Mixer, the channel strip for a frozen track is indicated by a “snow
flake” symbol on the volume fader handle.
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After freezing the Inserts for a track, you hear the track
play back as before but the insert effects do not have to
be calculated in real time, easing the load on the computer
processor. Typically, you would freeze a track when it is
finished and you do not need to edit it anymore.

= You can only freeze audio tracks this way, not group
channel tracks or FX channel tracks.

= The last two insert effects will not be frozen. This is
because these are post-fader insert slots.

* You can also freeze VST instruments and their insert
effects — see the chapter “VST Instruments and Instru-
ment tracks” on page 169.

Unfreezing

If you need to edit the events on a frozen track or make
settings for the insert effects, you can unfreeze the track:

1. Click the Freeze button in the Inspector for the track.
You will be asked whether you really want to unfreeze the channel and if
you wish to keep or delete the freeze files.

2. Click “Unfreeze” or “Keep Freeze files”.

This reactivates the frozen insert effects. Clicking “Keep Freeze Files”
will unfreeze the channel but not delete the freeze files. After editing, you
can freeze the track again.

Send effects

Background

As their name implies, send effects are outside of an audio
channel’s signal path, i.e. the audio data to be processed
must be sent to the effect (as opposed to insert effects,
which are inserted into the channel's signal path).

To this end, Cubase provides FX channel tracks. When
you have created such a track, it is added to the Track list
and can be selected as a routing target in the Send slots
of audio channels.

= When selecting an FX channel track in one of the send

slots of an audio channel, the audio is sent to the FX chan-
nel and through any insert effects set up for it.

Each audio channel has eight sends, which can be routed to different FX
channels, and thus different FX channel insert effect configurations. You
control the amount of signal sent to the FX channel by adjusting the ef-

fect send level.
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= If you have added several effects to the FX channel, the
signal passes through the effects in series, from the top
(the first slot) downward.

This allows for “custom” send effect configurations — e.g. a chorus fol-
lowed by a reverb followed by an EQ and so on.

* The FX channel track has its own channel strip in the
mixer, the effect return channel.

Here you can adjust the effect return level and balance, add EQ and
route the effect return to any output bus.

= Each FX channel track can have any number of automa-
tion tracks, for automating various effect parameters.
See the chapter “Automation” on page 188 for more information.

Setting up send effects
Adding an FX channel track

1. Pull down the Project menu and select “FX Channel”
from the “Add Track” submenu.
A dialog appears.

€ Add FX Channel Track

F Track Configuration

effect

configuration

2. Select a channel configuration for the FX channel
track.

Normally, stereo is a good choice since most effect plug-ins have stereo
outputs.

3. Select an effect for the FX channel track.

This is not strictly necessary at this point — you can leave the plug-in
pop-up menu set to “No Effect” and add effects to the FX channel later if
you like.

4. Click OK.

An FX channel track is added to the Track list, and the selected effect, if
any, is loaded into the first insert effect slot for the FX channel (in that
case, the lit Inserts tab for the FX channel track in the Inspector indicates
that an effect has been assigned and automatically activated).
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= All FX channel tracks you create will appear in a dedi-
cated “folder” track in the Track list.

This makes it easy to manage and keep track of all your FX channel
tracks, and also allows you to save screen space by folding in the FX
Channel folder.

FX 1-Pi...ngDelay

11| (m | S | Fx2-A.mulator (&) [=] 4 [ =]
[R [ W] [volume 0.00

FX channel tracks are automatically named “FX 1", “FX 2" etc., but you
can rename them if you wish. Just double-click the name of an FX chan-
nel track in either the Track list or the Inspector and type in a new name.

Adding and setting up effects

As mentioned above, you can add a single insert effect
when you create the FX channel track. To add and set up
effects after the FX channel track is created, you can ei-
ther use the Inspector for the track (click the Inserts tab)
or the VST FX Channel Settings window:

1. Click the Edit (“e") button for the FX channel track (in
the Track list, mixer or Inspector).

The FX Channel Settings window appears, similar to a regular Channel
Settings window.

€ VST FX Channe!

108

40868 Hz

On the left in the window you can find the Inserts section with eight ef-
fect slots.

2. Make sure the FX channel is routed to the correct out-
put bus.

This is done with the Output Routing pop-up menu at the top of the fader
section (also available in the mixer and Inspector).

3. To add an insert effect in an empty slot (or to replace
the current effect in a slot), click in the slot and select an
effect from the pop-up menu.

This works just like when selecting insert effects for a regular audio
channel.
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4. When you add an effect, its control panel will automat-
ically appear. When you set up send effects, you would
normally set the wet/dry Mix control to all “wet".

This is because you control the balance between the wet and the dry sig-
nal with the effect sends. For more information, see “Editing effects” on
page 163.

* You can add up to eight effects for an FX channel.

The signal will pass through all the effects in series. It is not possible to
adjust the send and return levels separately for the effects — this is done
for the FX channel as a whole. If what you want is several separate send
effects (where you can control the send and return levels independently),
you should instead add more FX channel tracks — one for each effect.

* You can reorder the effects by clicking in the area above
the name field and dragging the effect onto another slot.

= You can copy an effect into another effect slot (for the
same channel or between channels) by holding down
[Ctrl]/[Command] and dragging it onto another effect slot.

= To remove an insert effect from a slot, click in the slot
and select “No Effect” from the pop-up menu.

You should do this for all effects that you do not intend to use, to reduce
the CPU load.

= You can bypass individual effects (or all effects) by
clicking the corresponding Bypass button(s) for the FX
channel track.

See “Routing an audio channel or bus through insert effects” on page 153.

* You can also adjust level, pan and EQ for the effect re-
turn in the FX Channel Settings window.
This can also be done in the mixer or in the Inspector.

= Remember that the more effect units you use, the
higher the CPU load.
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Making settings for the sends

The next step is to set up a send for an audio channel and
route it to the FX channel. This can be done in the mixer (in
the extended panel), in the Channel Settings window or in
the Inspector for the audio track. The example below
shows the Channel Settings window, but the procedure is
similar for all the sections:

1. Click the “e" button for an audio channel to bring up its
Channel Settings window.

By default, the send section is located to the left of the
channel strip. Each of the eight sends has the following
controls:

= An On/Off button for activating/deactivating the effect
= Asend level slider
= A pre/post-fader switch

= An“e" (edit) button

Note that the last three items are not shown until the send
is activated and an effect has been loaded.

2. Pull down the Routing pop-up menu for a send by
clicking in the empty slot, and select the desired routing
destination.

+ No Bus

F¥ 1-PingPongDelay
Fx 2-AmpSimulator %

Cukputs 3

If the first item on this menu (“No Bus”) is selected, the send is
not routed anywhere.

ltems called “FX 17, “FX 2" etc. correspond to existing FX
tracks. If you renamed an FX track (see “Adding an FX channel
track” on page 157), that name will appear on this menu in-
stead of the default.

The menu also allows for routing a send directly to output bus-
ses, separate output bus channels or Group channels.

3. Select an FX channel track from the pop-up menu.
Now the send is routed to the FX channel.
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4. Click the power button for the effect send so that it
lights up in blue.
This activates the send.

m
lk 2-AmpSimulator

5. Click and drag the send level slider to a moderate
value.

The send level determines how much of the signal from the audio chan-
nel is routed to the FX channel via the send.

O]

FX 2-AmpSimulator _

Setting the Send level.

= In the mixer, you can use the level fader for the FX chan-
nel to set the effect return level.

By adjusting the return level, you control the amount of the signal sent
from the FX channel to the output bus.

Setting the effect return level.

6. If you want the signal to be sent to the FX channel be-
fore the audio channel's volume fader in the mixer, click on
the Pre-Fader button for the send so that it lights up.

FX Zk\mpsimulalur

A send set to pre-fader mode.

2110
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Normally you want the effect send to be proportional to
the channel volume (post-fader send). The picture below
shows where the sends are “tapped” from the signal in
pre and post-fader mode.

Insert effects 1-6
| EQ |

Pre-fader sends

Y

| Volume (fader) |

| Insert effects 7-8 |

Post-fader sends

\J

= You can choose whether a send in pre-fader mode
should be affected by the channel's Mute button or not.
This is done with the option “Mute Pre-Send when Mute” in the Prefe-
rences dialog (VST page).

= When one or several sends are activated for a channel,
the Send Effects buttons light up in blue.

= Cubase only: The FX channels themselves have
sends, too.

Bypassing the sends

= In the mixer, you can click on the lit (blue) Sends State
button for a channel to bypass (disable) all its sends.
When the sends are bypassed, the button is yellow. Click the button again
to enable the sends.

=
1y

Click this button to bypass the sends.

= In the Inspector and the Channel Settings window, click
the button to the left of the Sends button (so that it lights
up yellow) to bypass the sends.

* You can also bypass individual sends in the channel
overview.
See “Insert effects in the channel overview” on page 154.

* You can also bypass the send effects by clicking the
“Bypass Inserts” button for the FX channel.

This bypasses the actual effects which may be used by several different
channels. Bypassing a send affects that send and that channel only. If
you bypass the insert effects, the original sound will be passed through.
This may lead to unwanted side effects (higher volume). To deactivate all
effects, use the mute button in the FX channel.

Setting pan for the sends (Cubase only)

By default, the sends for an audio channel follow any pan
settings — stereo or surround — you make for the channel
itself. This means that if an audio channel is panned to the
right, the signal from its effect sends will be panned the
same way, making the stereo imaging as clear and true as
possible.

However, you may want to have different pan settings for
the sends. There are several uses for this:

= If you route a send from a mono channel to a stereo FX chan-
nel track, you can position the send signal at center pan in the
stereo FX channel (or anywhere you like).

= If you route a send from a stereo channel to a mono FX chan-
nel track, the pan control works as a crossfader, determining
the balance between the stereo sides when the stereo send
signal is mixed to mono.

= If you route a send from a mono or stereo channel to a FX
channel track in surround format, you can use the surround
panner to position the send signal in the surround image.

You set up send panning in the following way:

1. Open the Channel Settings window for the audio
channel.

2. Right-click somewhere in the Channel settings win-
dow (not the EQ display), to open the context menu and
open the “Customize View" submenu.
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3. From the submenu, select “Send Routing” and “Con-
trol Strip”.

In the Send Routing section of the Channel Settings window, each send is
shown as a small routing diagram showing a pre/post selector to the right
and a pan fader (where applicable). In the Control Strip section, you can
activate the option “Link Send Routing Panners to Channel Panner as De-
fault”. When this is activated, the send panners follow the pan for the chan-
nel. This item is also available in the Preferences dialog (VST page).

@ : The Control Strip
section

FX 2-AmpSimulator

Link Send Routing
Panners to Channel
Panner

The Sends, Send Routing and Control Strip sections in the Channel Set-
tings window.

4. Click and drag the pan control for the desired send(s)
in the display.

You can reset the pan control to the center position by [Ctrl]/[Command]-
clicking on the pan control.

Sends E Send Routing
O [-1]

FX 2-AmpSimulator

= = |In R ::_R-

= If the FX channel is configured in a surround format, the
pan control will be a miniature surround panner, similar to
the one found in the mixer.

You can click and drag the “ball” in the miniature panner display to posi-
tion the send in the surround field, or double-click in the display to bring
up the surround panner. See the chapter “Surround sound

(Cubase only)" on page 180.

= If both the send (the audio channel) and the FX chan-
nel are in mono, the pan control is not available.

FX channels and the Solo Defeat function

When mixing, you might sometimes want to solo specific
audio channels, and listen only to these while other chan-
nels are muted. However, this will mute all FX channels as
well. If the soloed audio channels have sends routed to FX
channels, this means you will not hear the send effects for
the channels.

To remedy this, you can use the Solo Defeat function for
the FX channel:

1. [Alt)/[Option]-click the Solo button for the FX channel.
This activates the Solo Defeat function for the FX channel. In this mode,
the FX channel will not be muted if you solo another channel in the mixer.

2. You can now solo any of the audio channels without
having the effect return (the FX channel) muted.

= To turn off the Solo Defeat function for the FX channel,
[Alt]/[Option]-click the Solo button for the FX channel
again.

Using the Side-Chain input

Many VST 3.0 effects feature a side-chain input. Side-
chaining allows you, for example, to lower the music vol-
ume when someone is speaking (“ducking”) or to use
compression (e.g. on a bass sound) when the drums are
hit, thereby “harmonizing” the intensity of the two instru-
ments. Another possibility is to use the side-chain signal
as a source for modulation.

The effect types which feature side-chain functionality are
Delay, Dynamics, Modulation and Fliter.

/N For detailed descriptions of the plug-ins that feature
side-chaining, see the separate manual “Plug-in Ref-
erence”.

= Certain combinations of tracks and side-chain inputs
may lead to feedback loops and added latency. If this is
the case, the side-chain options will not be available.
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Creating a Ducking delay

The delay repeats can be silenced by side-chain signals
exceeding a certain threshold.

You can use this feature to create a so-called “ducking
delay” for your vocals. Let's say you want to add a delay
effect that is audible only when no signal is present on the
vocal track. For this, you need to set up a delay effect
which is deactivated every time the vocals start again.

Proceed as follows:

1. Select the vocal track.

2. On the Project menu, select “Duplicate Tracks”.
Now you can use the vocal events on the second track to silence the de-
lay effect.

3. Open the Insert tab for the first Vocal track in the In-
spector and select “PingPongDelay” from the Effects
pop-up menu.

The control panel for the effect opens.

4. On the control panel for the effect, make the desired
effect settings and activate the Side-Chain button.

Try out the effect settings to find out which settings will work best with your
project. For detailed descriptions of the parameters, see the separate man-
ual “Plug-in Reference”.

¢ 01 vox: Ins. 1 - PingPongDelay
0] E‘*
GEREEEE Activate Side-Chain

[
111

5. In the Track list, select the second vocal track.

6. Pull down the Output Routing pop-up menu and on
the Side-Chain submenu, select the PingPongDelay ef-
fect you set up for the vocal track.

This way, the signals from the second (duplicate) track are routed to the
effect (and do not end up in the mix).

g e v www e s

@«

stereo

Mo Bus

+ Stereo Out
Left
Right

F - F¥ 1-PingPongDelay
Sidechains - 01 vox: Ins. 1 - PingPongDelay [Mono]
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Now every time the signals on the vocal track exceed the
threshold, the delay will be deactivated. Since the thres-
hold for the delay effect is fixed, you may have to adjust
the volume of track 2, in this example, to ensure that vocal
parts of low or middle volume will also silence the delay
effect.

Triggering a compressor using side-chain
signals

Compression, expansion or gating can be triggered by
side-chain signals exceeding a specified threshold.

You may run into a situation where you want to lower the
volume of one instrument every time another instrument is
played. You could e.g. want to lower the volume of the bass
guitar during the bass drum hits. This can be achieved by
applying compression to the bass guitar signal every time
the drum signals are present on the respective track.

Proceed as follows:

1. Select the bass guitar track.

2. Open the Inserts tab in the Inspector, click in an insert
slot to open the effect selection pop-up menu and, on the
Dynamics submenu, select “Compressor”.

The effect is loaded into the effect slot and the effect control panel opens.

3. Make the desired effect settings (you will most likely
have to adjust them later to get the right compression
level) and activate the Side-Chain button.

4. Select the bass drum track.

5. Open the Sends Inspector section, click in a send slot
and from the Side-Chain submenu, select the Compres-
sor effect you created for the bass guitar track. Adjust the
Send level.

This way, the bass drum signal triggers the compressor on the bass gui-
tar track.

When you now play back the project, the bass guitar will
be compressed whenever the signals on the bass drum
track exceed the threshold.
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Side-chain and Modulation

Side-chain signals bypass the built-in LFO modulation
and instead apply modulation according to the envelope
of the side-chain signal. Since each channel will be ana-
lyzed and modulated separately, this allows for creating
astonishing spatial stereo or surround modulation effects.
Feel free to experiment with the functions to see what they
have to offer!

About dragé&drop

When you drag effects from one insert slot to another (on
the same channel or between different channels), the fol-
lowing applies:

When you move an effect within a channel (e.g. from slot 4 to
slot 6), the side-chain connections will be kept.

When you drag and drop an effect between two channels, the
side-chain connections will not be kept.

When copying an effect into another effect slot (for the same
or a different channel), the side-chain connections will not be
copied, i.e. they will be lost.

Using external effects (Cubase only)

Although this program comes with a top selection of VST
effect plug-ins, and although there is a huge range of ad-
ditional plug-ins available on the market, you may still have
some hardware effect units that you want to use — valve
compressors, reverb units, vintage tape echo machines,
etc. By setting up external FX busses you can make your
outboard equipment part of the Cubase virtual studio!

An external FX bus is a combination of outputs (sends)
and inputs (returns) on your audio hardware, along with a
few additional settings. All external FX busses you have
created will appear on the effect pop-up menus and can
be selected like the internal effect plug-ins. The difference
is that if you select an external effect as an insert effect for
an audio track, the audio will be sent to the corresponding
audio output, processed in your hardware effect (provided
that you have connected it properly) and returned via the
specified audio input.

= Creating and handling of external effects is described
in detail in the chapter “VST Connections: Setting up in-
put and output busses” on page 13.
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Editing effects

All inserts and sends have an Edit (“e”) button. Clicking
this opens the control panel for the effect, in which you
can make parameter settings.

The contents, design and layout of the control panel de-
pends on the selected effect. However, all effect control
panels have an On/Off button, a Bypass button, Read/
Write automation buttons (for automating effect parame-
ter changes, see the chapter “Automation” on page 188),
a preset pop-up menu and a Preset Management pop-up
menu for saving and loading effect presets. Some plug-ins
also feature a side-chain button, see “Using the Side-
Chain input” on page 161.

Loop 2: Ins. 1 - Rotary.

The Rotary effect control panel

= Please note that all effects can be edited using a simpli-
fied control panel (horizontal sliders only, no graphics). This
panel is opened by pressing [Ctrl]/[Command]+[Alt]/[Op-
tion]+[Shift] and clicking on the Edit button for the effect
send or slot.

Effect control panels may have any combination of knobs,
sliders, buttons and graphic curves.

= The included effects and their parameters are de-
scribed in detail in the separate manual “Plug-in Refer-
ence”.

= If you edit the parameters for an effect, these settings
are saved automatically with the project.

= You can also save the current settings as a preset, see
below.

= Effects parameters can be automated — see the chapter
“Automation” on page 188.
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Effect presets

Effect preset management in Cubase is very versatile. In
the MediaBay — or with certain limits in the Save Preset di-
alog — you can assign attributes to presets which allow
you to organize and browse them according to various cri-
teria. Cubase comes with a huge array of categorized
track and VST presets that you can use straight out of the
box. You can also preview effect presets before loading
them which considerably speeds up the process of find-
ing the right effect preset.

Effect presets can be divided into the following main
categories:

= VST presets for a plug-in.
These are stored parameter settings for a specific effect.

= Inserts presets that contain insert effect combinations.
These can contain the whole insert effects rack, complete with settings
for each effect, see “Saving insert effect combinations” on page 166.

Selecting effect presets

Most VST effect plug-ins come with a number of useful
presets for instant selection.

To select an effect preset in the Presets browser, proceed
as follows:

1. Load an effect, either as a channel insert or into an FX
channel.
The control panel for the effect is displayed.

2. Click in the preset field at the top of the control panel.
This opens the Presets browser.

S Smooth And Gentle
U Smooth And Warm Bassline
U The Mark2 In The Lounge
o

ories

* You can also open the Presets browser from the In-
spector (Inserts tab) or the Channel Settings window.

3. Select the desired preset in the list.
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4. Activate playback to audition the selected preset.
Simply step through the presets until you found the right sound. It may be
helpful to set up cycle playback of a section to make comparisons be-
tween different preset settings easier.

5. Double-click on the desired preset (or click outside
the Presets browser) to apply the preset.

= To return to the preset that was selected when you
opened the Presets browser, click the Reset button.

* You can also open the Presets browser by clicking the
button to the right of the preset field an selecting “Load
Preset” from the Preset Management pop-up menu.

= The preset handling for VST 2 plug-ins is slightly differ-
ent, see “About earlier VST effect presets” on page 165.

The Browser sections
The Presets browser contains the following sections:

= The “Search & Viewer” section (displayed by default)
lists the available presets for the selected effect.

= The Filter section (displayed when you click the Catego-
ries button) shows the available preset attributes for the
selected effect.

If no attributes have been specified for the effect presets, the columns
will be empty. If attributes have been assigned to a preset for this effect,
you can click on the attribute in the respective column (Category, Style
etc.), to filter out all presets that do not match the selected attribute(s).

= If you also activate the “Show Location” button, the
Browser & Filter section is displayed, allowing you to
specify the Presets folder that should be searched for
preset files.

Saving effect presets

You can save your edited effect settings as presets for
further use (e.g. in other projects):

1. Open the Preset Management pop-up menu.

Loop 2: Ins. 1 - Rotary

O

cel. Ay
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2. Select “Save Preset..."” from the pop-up menu.
This opens a dialog where you can save the current settings as a preset.

(‘ Save Preset

Found Items

| & | & |subt

s Mame

[2]

Tag Editor

Altribute: Walug

Character
Family Name
Hame
Flugln Name
Rating

Style

Sub Category
Sub Gnile

=]

© Tag Editor

3. In the File name field in the lower part of the Save Pre-
set dialog, enter a name for the new preset.

= If you wish to assign attributes to the preset, click the
Tag Editor button.

Click in the Value column to select an appropriate “tag” for one or sev-
eral of the available categories in the Attributes column. For further infor-
mation on preset handling and the Tag Editor, see the chapter “The
MediaBay" on page 273.

4. Click OK to store the preset and exit the dialog.
User-defined presets are saved in the following location:

= Win: \Documents and Settings\<user name>\Application
data\VST3 presets\<company>\<plug-in name >

= Mac: /Users/<user name>/Library/Audio/Presets/<com-
pany>/<plug-in name>

You cannot change the default folder, but you can add fur-
ther subfolders inside the individual effect preset folders.
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About earlier VST effect presets

As stated previously, you can use any VST 2.x plug-ins in
Cubase. For a description of how to add VST plug-ins, see
“Installing and managing effect plug-ins” on page 166.

When you add a VST 2 plug-in, any previously stored pre-
sets for it will be in the old FX program/bank format (.fxp/
fxb). You can import such files, but the preset handling will
be slightly different. You will not be able to use the new fea-
tures like the Tag Editor until you have converted the old
“fxp/.fxb" presets to VST 3 presets. If you save new pre-
sets for the included VST 2 plug-ins, these will automati-
cally be saved in the new “.vstpreset” format.

/N AIVST 2 presets can be converted to VST 3 presets.

Importing and converting FXB/FXP files
To import .fxp/.fxb files, proceed as follows:

1. Load any VST 2 effect you may have installed, and
open the Preset Management pop-up menu.

Loop 2: Ins. 2 - DaTube

Load Preset.
Save Preset

Convent Program List To VST Presets

2. Select “Import FXB/FXP..." from the pop-up.

This menu item is only available for VST 2 plug-ins.

3. In the file dialog that opens, locate the .fxp file and
click Open.

If you load a bank (.fxb), it will replace the current set of all effect pro-
grams. If you load a single program, it will replace the currently selected
effect program only. Note that such files exist only if you created your
own .fxp/.fxb presets with a previous version of Cubase (or any other
VST 2 application).

4. After importing, you can convert the current program
list to VST presets by selecting “Convert Program List to
VST Presets” from the Preset Management pop-up.

After converting, the presets will be available in the Presets browser, and
you can use the Tag Editor to add attributes and audition the presets.
The new converted presets will be stored in the VST3 Preset folder.
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Saving insert effect combinations

You can save the complete insert effect rack for a channel
together with all parameter settings as an inserts preset.
Inserts presets can be applied to audio, instruments, FX
channel or group tracks.

This works as follows:

1. Select the desired track in the Track list and open the
Inserts Inspector section.

2. Load a combination of insert effects and adjust the pa-
rameters (or select effect presets) for each effect.

3. At the top of the Inserts tab, click the VST Sound but-
ton to open the Preset Management pop-up menu for the
inserts and select “Store Preset”.

This can also be done from the Channel Settings window using the VST
Sound button at the top of the Inserts section.

01 guitard
In

A&=e

PingPongDelay

MEe

AmpSimulator

Store Preset

Iy

Remave Preset
Rename Preset

From Track Preset...

4. Type in a name for the preset in the dialog that appears.

5. Select the track (audio/group/instrument/fx channel)
you wish to apply the new preset to, and open the Preset
Management pop-up menu.

As you can see, the new preset is available at the top of the pop-up menu.

Elec Guitar

IRI]

I Audio 07

Save Preset ..

Femove Preset

Rename Preset

From Track Preset

6. Select the preset you created from the pop-up menu.
The effects are loaded into the Insert slots of the new track, and the con-
trol panels for all effects are opened.

= Note that when loading insert combination presets, any
plug-ins that were previously loaded for the track will be
removed, regardless of whether these slots are used in
the preset.

In other words, saving an inserts preset means saving the states of all in-
sert slots.
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= You can use the Preset Management pop-up to save
your settings as preset, or to rename or remove the cur-
rent preset.

Extracting insert effect settings from track presets

You can extract the effects used in a track preset and load
them into your inserts “rack”:

= Select “From Track Preset..."” on the Preset Manage-
ment pop-up menu to open a dialog where all track pre-
sets are shown.

= Select an item in the list to load the effects used in the
track preset.

Track presets are described in the chapter “Working with
Track Presets” on page 288.

Installing and managing effect
plug-ins

Cubase supports two plug-in formats; the VST 2 format
(with the file name extensions “.dIl" on the PC and “.VST”"
on the Mac) and the VST 3 format (extension “.vst3” on
both platforms). The formats are handled differently when
it comes to installation and organizing.

Installing additional VST plug-ins

Installing VST 3 plug-ins under Mac OS X

To install a VST 3.x plug-in under Mac OS X, quit Cubase
and drag the plug-in file into one of the following folders:

= /Library/Audio/Plug-Ins/VST3/

This is only possible if you are the system administrator. Plug-ins in-
stalled in this folder will be available to all users, for all programs that
support them.

= /Users/<user name >/Library/Audio/Plug-Ins/VST3/
“<user name>" is the name you use to log on to the computer (the easi-
est way to open this folder is to go to your “Home" folder and use the
path /Library/Audio/Plug-Ins/VST/ from there). Plug-ins installed in this
folder are only available to you.

When you launch Cubase again, the new effects will ap-
pear on the effect pop-up menus. In the VST 3 protocol, the
effect category, sub-folder structure etc. are built-in and
cannot be changed. The effect(s) will simply show up in the
assigned category folder(s) on the Effect pop-up menu.
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Installing VST 2.x plug-ins under Mac OS X

To install a VST 2.x plug-in under Mac OS X, quit Cubase
and drag the plug-in file to one of the following folders:

= /Library/Audio/Plug-Ins/VST/

This is only possible if you are the system administrator. Plug-ins in-
stalled in this folder will be available to all users, for all programs that
support them.

= <user name>/Library/Audio/Plug-Ins/VST/

“<user name>" is the name you use to log on to the computer (the easi-
est way to open this folder is to go to your “Home" folder and use the
path /Library/Audio/Plug-Ins/VST/ from there). Plug-ins installed in this
folder are only available to you.

When you launch Cubase again, the new effects will ap-
pear on the effect pop-up menus.

= If an effect plug-in comes with its own installation ap-
plication, you should use this.

As a general rule, always read the documentation or readme files before
installing new plug-ins.

Installing VST 3 plug-ins under Windows

Under Windows, VST 3 plug-ins are installed by dragging
the files (with the extension “.vst3") into the vst3 folder in
the Cubase application folder. When you launch Cubase
again, the new effects will appear on the Effect pop-up
menus. In the VST 3 protocol, the effect category, sub-
folder structure etc. are built-in and cannot be changed.
The installed new effect(s) will simply show up in the as-
signed category folder(s) on the effect pop-up menu.

Installing VST 2 plug-ins under Windows

Under Windows, VST 2.x plug-ins are installed by drag-
ging the files (with the extension “.dll") into the Vstplugins
folder in the Cubase application folder, or into the Shared
VST Plug-in folder — see below. When you launch Cubase
again, the new effects will appear on the effect pop-up
menus.

= If an effect plug-in comes with its own installation ap-
plication, you should use this.

As a general rule, always read the documentation before installing new
plug-ins.
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Organizing VST 2 plug-ins

If you have a large number of VST 2 plug-ins, having them
all on a single pop-up menu in the program may become
unmanageable. For this reason, the VST 2 plug-ins in-
stalled with Cubase are placed in appropriate subfolders
according to the effect type.

= Under Windows, you can organize VST plug-ins by mov-
ing, adding or renaming subfolders within the Vstplugins
folder.

When you launch the program and pull down an effects pop-up menu,
the subfolders will be represented by hierarchical submenus, each listing
the plug-ins in the corresponding subfolder.

= Under Mac OS X, you cannot change the hierarchic ar-
rangement of the “built-in” VST plug-ins.

However, you can arrange any additional plug-ins you have installed (in the
ILibrary/Audio/Plug-Ins/VST/ folders, see above) by placing them in sub-
folders. In the program, the subfolders will be represented by hierarchical
submenus, each listing the plug-ins in the corresponding subfolder.

About the effects from previous Cubase versions

The Legacy folder on the program DVD contains effects
from previous versions of Cubase.

The main reason for installing these earlier plug-ins is back-
wards compatibility, allowing you to import old Cubase
projects and get the correct effect settings.

The Plug-in Information window

On the Devices menu, you will find an item called “Plug-in
Information”. Selecting this opens a dialog listing all the
available VST compatible plug-ins in your system (includ-
ing VST Instruments), along with all MIDI plug-ins.

o0&

| Proiect Impor-£ sport Plugins

<* Plug-in Information

VST Pluglns |

VST 2.5 Plgin Paths

MIDI Phagins: | AudioCodeoPlughns | Program Plugins

In| Hame

Vendor

File

Path

)

- |AutoPan

5 o
- |Chorus

- |Cloner

- |Compressar
DaTube

- |DeEsser

- |Distortion

Technologies
Steinberg Media Technologies

Technologies
Steinberg Media Technologies
Steinberg Media Technologies

- |Expander
- |Flanger
- |Gate

RS

Audio effects

Steinberg Media Technologiss
Steinberg Media Technologies
Steinberg Media Technologiss

I

Cubase Flugin Set vsi3
Cubase Flugin Set vst3
BitCrusherdl

Cubase Plugin Set vsi3

Cubase Plugin Set vst3

Cubase Plugin Set vst3

DaTube.dl

Dek sser.dl

Cubase Flugin Set vst3
inSel.

inSeL vst3
Cubase Plugin Set vst3
Cubase Flugin Set vst3
Cubase Flugin Set vst3

C:\Program Files\Steinbeig\Cubase 55T
C\Program Files\Steinberg\Eubase SWST3

g\Cbase SWST3
ghCbase SWST3
C\Program Files\Steinbeig\Cubaze SWST3

C\Program Files\Steinbeig\Cubase SWST3
5WST3

BWST3
C:\Program Files\Steinberg\Cubase 5WST3
C\Program Files\Steinberg\Cubase GWST3
C:\Program Files\Steinbeig\Cubaze SWST3

ig\Cubase 55 TFluging
55 TPluging

C:\Program Files\SteinbeigiCubase 5 TPiuglns
:\Program Files\Steinbeig\Cubass 5WS TPiugins

58 TPluglng

[>




Managing and selecting VST plug-ins

To display all available VST plug-ins, open the “VST
Plugins” tab.

= To enable a plug-in (make it available for selection), put
a check mark in the left column.
Only the enabled plug-ins will appear on the effect menus.

= The Instances column indicates how many instances of
the plug-in are currently used in Cubase.

Clicking in this column for a plug-in which is already in use produces a
pop-up showing exactly where each use occurs.

= A plug-in may be in use even if it is not enabled in the
left column.

You might for example have opened a project containing effects that are
currently disabled on the menu. The left column only determines whether
or not the plug-in will be visible on the effect menus.

= All columns can be resized by dragging the divider in
the column header.

The other columns show the following information about
each plug-in:

Column Description

Name The name of the plug-in.

Vendor The manufacturer of the plug-in.

File This shows the complete name of the plug-in (with extension).

Category  This indicates the category of each plug-in (such as VST In-
struments, Surround Effects, etc.).

Version Shows the version of the plug-in.

SDK Shows with which version of the VST protocol a plug-in is
compatible.

Latency This shows the delay (in samples) that will be introduced if the
effect is used as an Insert. This is automatically compensated
for by Cubase.

Side- Shows the number of side-chain inputs for a plug-in.

Chain

Inputs

110 This column shows the number of inputs and outputs for each
plug-in.

Path The path and name of the folder in which the plug-in file is
located.

Update button

Clicking this button will make Cubase re-scan the desig-
nated VST folders for updated plug-in information.

VST 2.x Plug-in Paths button

This opens a dialog where you can see the current paths
to where VST 2.x plug-ins are located. You can add/re-
move folder locations by using the corresponding buttons.
If you click “Add”, a file dialog is opened, where you can
select a folder location.

About the “shared” plug-ins folder (Windows and VST
2.x only)

You can designate a “shared” VST 2.x plug-ins folder.
This will allow VST 2.x plug-ins to be used by other pro-
grams that support this standard.

You designate a shared folder by selecting a folder in the
list and clicking the “Set As Shared Folder” button in the
VST 2.x Plug-in Paths dialog.

Exporting plug-in information files

You can also save plug-in information as an .xml file, e.g.
for archiving purposes or troubleshooting. The Export func-
tion is available for VST, MIDI and Audio Codec plug-ins.
Proceed as follows:

1. Right-click on the desired tab in the Plug-in Information
window to open the context menu and select “Export”.
A file dialog opens.

2. Inthe dialog, specify a name and location for the Plug-
in Information export file and click OK to export the file.

= The Plug-in Information file contains information on the
currently installed/available plug-ins, their version, vendor,
etc.

= The .xml file can then be opened in any editor applica-
tion supporting the xml format.

Audio effects
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Introduction

VST Instruments are software synthesizers (or other sound
sources) that are contained within Cubase. They are played
internally via MIDI. You can add effects or EQ to VST Instru-
ments, just as with audio tracks.

Some VST Instruments are included with Cubase, others
can be purchased separately from Steinberg and other
manufacturers.

= This chapter describes the general procedures for
setting up and using VST Instruments.

= Depending on the VST version the instrument is com-
patible with, an icon may be displayed in front of the in-
strument name, see “About VST 3" on page 151.

The included VST Instruments and their parameters are described in the
separate PDF document “Plug-in Reference”.

VST Instrument channels vs.
instrument tracks

Cubase allows you to make use of VST Instruments in two
different ways:

= By activating instruments in the VST Instruments window.
This creates a VST Instrument channel, which can be played by one (or
several) MIDI track(s) routed to it.

= By creating instrument tracks.

Instrument tracks are a combination of a VST Instrument, an instrument
channel and a MIDI track. You play and record MIDI note data directly for
this track.

Both methods have their advantages, and should be se-
lected according to what best suits your needs. The fol-
lowing sections describe the two approaches.

VST Instrument channels

You can access a VST Instrument from within Cubase by
creating a VST Instrument channel and associating this
channel with a MIDI track. Proceed as follows:

1. On the Devices menu, select “VST Instruments”.
The VST Instruments window opens.

(' VST Instruments

2. Click in one of the empty slots to open the instrument
pop-up menu and select the desired instrument.

3. You will be asked if you want to create an associated
MIDI track connected to the VST Instrument. Do so.

The instrument is loaded and activated, and its control panel is opened.
A MIDI track with the name of the instrument is added to the Track list.

The output of this track is routed to the instrument.

In the Preferences dialog (VST-Plug-ins page), you can

specify what should happen when loading a VST instru-

ment in an instrument slot. Open the pop-up menu “Cre-
ate MIDI track when loading VSTi" and select one of the

available options:

= When you select “Always", a corresponding MIDI track will al-
ways be created.

= When you select “Do not”, no track will be created and only
the instrument will be loaded.

= Select “Always ask to” if you want to decide whether a MIDI
track should be created whenever you load an instrument.

You can also use modifiers to specify what should happen
when you load a VST instrument (overriding the Prefer-
ence setting):

* When you hold down [Ctrl]/[Command] while selecting a VST
Instrument for an instrument slot, a corresponding MIDI track
with the name of the instrument is automatically created.

* When you hold down [Alt]/[Option] while selecting a VST In-
strument for an instrument slot, no MIDI track will be created
for the instrument.

VST Instruments and Instrument tracks



= If you do not want the plug-in control panels to open ev-
ery time you load a plug-in, open the Preferences dialog
(VST-Plug-ins page) and deactivate “Open Effect Editor
After Loading it".

You can open a plug-in panel at any time by clicking the “e” button of the
corresponding plug-in slot.

4. If you now look in the Project window Track list, you
will find that a dedicated folder for the chosen instrument
has been added, within a “VST Instruments” folder (where
all your VST Instrument channels will be listed).

The separate folder for the added VST Instrument contains two or more
automation tracks: one for automating the plug-in parameters and one for
each mixer channel used by the VST Instrument. For example, if you add a
VST Instrument with four separate outputs (four separate mixer channels),
the folder will contain five automation tracks. To keep the screen less clut-
tered, you may want to close the folder for the VST Instrument until you
need to view or edit any of the automation tracks. For more about automa-
tion, see the chapter “Automation” on page 188.

= When you select the MIDI track routed to the VST in-
strument, you will see that the Inspector contains a sepa-
rate section for the instrument.

This section contains the audio channel settings for the VST Instrument
(inserts, EQs, Sends and fader settings). The tab has two buttons for
opening the Channel Settings window (for the VST Instrument channel)
and the Edit Instrument button which opens the control panel for the VST
Instrument.

Opens the control
panel for the VST

Instrument. Opens the Channel

Settings window.

5. Depending on the selected VST Instrument, you may
also need to select a MIDI channel for the track.

For example, a multitimbral VST Instrument can play back different
sounds on different MIDI channels — check the documentation for the
VST Instrument for MIDI implementation details.

6. Make sure the option “MIDI Thru Active” is activated in
the Preferences dialog (MIDI page).

7. Activate the Monitor button for the MIDI track (in the

Track list, Inspector or mixer).

When this is activated (or when the track is record enabled), incoming
MIDI is passed on to the selected MIDI output (in this case the VST In-
strument), see the chapter “Recording” on page 66.

8. Open the mixer.

You will find one or more channel strips for the audio outputs of the VST
Instrument. VST Instrument channel strips have the same features and
functionality as group channel strips, with the addition of an Edit button at
the bottom of the strip for opening the VST Instrument control panel. You
will also find Output Routing pop-up menus at the top of the channel
strips, for routing the VST Instrument channels e.g. to output channels or
groups. Routing is described in detail in the chapter “VST Connections:
Setting up input and output busses” on page 13.

9. Play the VST Instrument from your MIDI keyboard.

You can use the mixer settings to adjust the sound, add EQ or effects, etc.,
just as with regular audio channels. Of course, you can also record or man-
ually create MIDI parts that play back sounds from the VST Instrument.

/\ You can have up to 64 (32 in Cubase Studio) VST In-
struments activated at the same time, either different
instruments or several instances of the same instru-
ment. However, software instruments can consume a
lot of CPU power — keep an eye on the VST Perfor-
mance window to avoid running out of processor
power. See also “Instrument Freeze” on page 174.

= VST Instrument channels give you full access to multi-
timbral instruments.

You can have several MIDI tracks routed to the VST Instrument, each
playing a different part.

= Similarly, you can route channels to any available output
provided by the VST Instrument.

The VST Instruments window

When a VST Instrument is loaded, six controls are dis-
played for this slot in the VST Instruments window.

Instrument Bypass

on/off instrument Activate outputs
\

Instrument

Freeze

Event received Open instrument panel

= The button on the far left is used for the Freeze function,
see “Instrument Freeze” on page 174.

= The second button is used to activate or deactivate the
VST Instrument.

When an instrument is selected from the instrument pop-up menu, it is
activated automatically, i.e. the on/off control lights up in blue.

For some instruments you may also bypass the instrument by clicking the
Bypass button to the right of the on/off button.
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= Click the Edit (“e”) button to open the control panel for
the VST Instrument.

= Below the Edit button is a small LED that will light up
when MIDI data is received by the instrument.

= The rightmost button allows you to activate the desired
output for the instrument.

This is useful when you are using VST Instruments that have a large num-
ber of audio busses, which may be confusing. Click one of the entries in
the pop-up list to activate/deactivate output busses for this instrument.

Instrument tracks

An instrument track is a combination of a VST Instrument, a
MIDI track, and a VST Instrument channel, in other words:
it is a track coupled with a sound — it allows you to think in
terms of sounds rather than in terms of track and instru-
ment settings.

Adding Instrument tracks

To open and use an Instrument track, proceed as follows:

1. Open the Project menu and select Instrument from the
Add Track submenu.

You can also right-click in the Track list and select “Add Instrument
Track” on the context menu.

2. The Add Instrument Track dialog is opened.

You can select an instrument for the track from the pop-up (but you can
also leave this until later if you wish). Specify the number of instrument
tracks you wish to create in the “count” field. If you click the “Browse
Presets” button, the dialog expands to show the Presets browser, where
you can browse for sounds.

3. Click OK to add the Instrument track.

When you select an Instrument in the Add Track dialog, the new track
will get the name of the instrument. When no instrument is selected, the
track is named “Instrument track”.
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An instrument track in the Track list

Properties

= Each Instrument track has a corresponding channel
strip in the mixer.

= In the Inspector, you can select a VST Instrument from
the Instrument pop-up menu.

When you select an instrument from this pop-up, its control panel will
open automatically.

* You can also exchange the “sound” of an instrument
track (i.e. the VST Instrument and its settings) by extract-
ing these data from another instrument track or a VST pre-
set, see “Extracting sound from an instrument track or VST
preset” on page 292.

= On the Input Routing pop-up menu, you can select a
MIDI input.

Instrument tracks have only one MIDI input.

= To open the control panel for the VST Instrument, click
the “Edit Instrument” button in the Inspector.

Ediit Instrument
[ |

= As with MIDI tracks, you can perform the usual MIDI edit-
ing procedures on the instrument track, like duplicate, split
repeat or lock the track, use the In-Place Editor, drag and
drop the MIDI parts of an instrument track etc. For more in-
formation, see the chapter “MIDI realtime parameters and
effects” on page 305.

= As with the MIDI track inspector and track controls, you
can adjust track delay, choose MIDI input, work with VST

Instrument panels, choose drum maps etc. For more infor-
mation, see the chapter “MIDI realtime parameters and ef-
fects” on page 305.

= Instrument tracks have all options that VST Instrument
channels have, i.e. Inserts, Sends, EQ, etc.

= VST Instruments used in Instrument tracks do not ap-
pear in the VST Instruments window.

For an overview of all used VST Instruments, open the Plug-in Information
window via the Devices menu. For further information, see the section “The
Plug-in Information window" on page 167.
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Restrictions
= Instrument tracks have no MIDI Sends.

= MIDI volume and pan cannot be controlled (there is no
“MIDI fader” tab in the Inspector); instead, the VST Instru-
ment volume and pan are used (via the “Channel” tab in the
Inspector). This applies also to the respective automation
parameters.

= Due to there being only one volume and pan control for
the instrument track, the Mute button will mute the com-
plete track including the VST Instrument. (As opposed to a
MIDI track with an assigned VST Instrument, for which mut-
ing the MIDI track still allows you to monitor and record the
VST Instrument.)

= Instrument tracks always have one stereo output chan-
nel only. This means that VST Instruments that do not pro-
vide a stereo output as their first output channel cannot be
used with instrument tracks, and must be loaded via the
VST Instruments window.

= Due to the limitation to one output channel, instrument
tracks play only the first voice of a multi-timbral VST In-
strument. If you want to use all voices, you have to load the
instrument via the VST Instruments window and set up a
MIDI channel to play it.

Import and export options
Importing MIDI loops

You can import “MIDI loops” (file extension “*.midiloop”) in
Cubase. These files contain MIDI Part information (MIDI
notes, controllers, etc.) as well as all the settings that are
saved in Instrument track presets (see “About track pre-
sets and VST presets” on page 175). This way, you can
easily reuse instrument patterns you really like in other
projects or applications for example.

Proceed as follows:
1.

2. In the Filter section, activate the “Show MIDI Loops”
button.
This is not necessary, but will help you locate your MIDI loops more quickly.

Open the MediaBay window via the Media menu.

173

3. Inthe Viewer section, select the desired MIDI loop and
drag it in an empty section in the Project window.

An Instrument track is created and the Instrument part is inserted at the
position where you dragged the file. The Inspector will reflect all settings
saved in the MIDI loop, e.g. the VST instrument that was used, applied
Insert effects, Track parameters, etc.

= You can also drag MIDI loops onto existing Instrument
or MIDI tracks. However, this will only import the part infor-
mation.

This means this part will only contain the MIDI data (notes, controllers)
saved in the MIDI loop, but no inspector settings or instrument parameters.

Exporting MIDI loops

Exporting MIDI loops is a great way of saving a MIDI part
together with its instrument and e.g. effect settings. This
allows you to easily reproduce patterns you once created
without having to search for the correct sound, style or
effect.

Proceed as follows:

1. Select the desired Instrument part.

2. On the File menu—Export submenu, select “MIDI
Loop..."
A file dialog opens.

3. Enter the desired name for the MIDI loop in the Name
field in the lower section of the dialog.

= If you want to save attributes for the MIDI loop, click the
Tag Editor button.

This lets you specify e.g. a category and a sub category for your MIDI
loop.

4. Click OK to close the dialog and save the MIDI loop.
MIDI Loop files are saved in the following folder:

= Windows: \Documents and Settings\<user name >\Applica-
tion Data\Steinberg\MIDI Loops

= Mac: /Users/<user name>/Library/Application Support/
Steinberg/MIDI Loops/

This default folder cannot be changed, you can however

create subfolders within this folder to organize your MIDI

loops. Simply click the “Create New Folder” button in the
Save MIDI Loop dialog.
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Exporting instrument tracks as MIDI file

You can also export instrument tracks as standard MIDI
files, see “Exporting MIDI files” on page 464.

Please note:

= As there is no MIDI patch information in an instrument
track, this information is missing in the resulting MIDI file.

= If you activate “Export Inspector Volume/Pan”, volume
and pan information of the VST Instrument will be con-
verted and written into the MIDI file as controller data.

What do | need? Instrument channel
or Instrument track?

= If you need a particular sound without knowing which
VST Instrument to use, create an instrument track and use
the preview features to find the sound you want.

* Do likewise if the Instrument track restrictions described
above do not matter.

= If you are planning to create an instrument track preset,
complete with inserts and EQ settings, you have to use an
instrument track.

= If you need to use multitimbral parts and/or multiple out-
puts, set up a VST Instrument channel.

Instrument Freeze

Like all plug-ins, VST Instruments may require a lot of pro-
cessor power. If you are using a moderately powerful com-
puter or if you are using a large number of VST Instruments,
you may come to a point where your computer cannot han-
dle all VST Instruments playing back in realtime (the CPU
overload indicator in the VST Performance window lights
up, you get crackling sounds, etc.).

Enter the Instrument Freeze function! This is how it works:

= When you freeze a VST Instrument, the program renders
an audio file of the instrument output (taking into account

all unmuted MIDI parts routed to that VST Instrument). This
file is placed in the “Freeze” folder within the Project folder.

= All MIDI tracks routed to the VST Instrument, or the in-
strument track associated with the VST Instrument, are
muted and locked (the controls for these tracks will ap-
pear “grayed-out” in the Track list and Inspector).

= When you start playback, the rendered audio file is
played back from an “invisible” audio track, routed to the
VST Instrument’s mixer channel. Thus, any effects, EQ or
mixing automation will still be applied.

* You can also freeze the mixer channel of the VST Instru-
ment. This freezes any pre-fader insert effects for the chan-
nels, just as when freezing audio tracks (see “Freezing
(rendering) insert effects for a track” on page 156).

The result of the Freeze is that you get exactly the same
sound as before, but the computer processor does not
have to calculate the sound of the VST Instrument in real-
time.

Performing the freeze

The instrument freeze function is available in the VST In-
struments window, and in the Track list and the Inspector
for instrument tracks.

1. Set up the project so that the VST Instrument plays
back the way you want it to.

This includes editing the MIDI tracks routed to the VST Instrument, or ed-
iting the instrument track, and making parameter settings for the VST In-
strument itself. If you have automated parameter changes for the VST
Instrument, make sure the Read (R) button is activated.

2. Open the VST Instruments window from the Devices
menu, or, if you are using an instrument track, select the
track and open the top Inspector tab.

3. Click the Freeze button for the VST Instrument (the
button to the left of the VST Instrument slot), or the Freeze
button in the Inspector for the instrument track.

Instrument Track

(‘ VST Instruments

The Freeze button in the

VST Instruments window... ...and in the Inspector.
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The Freeze Instrument Options dialog appears with the
following options for the Freeze operation:

¢ Freeze Instrument COptions

O Freeze Instrument Only

@ Freeze Instument and Channels
m Tail Size

B Unload Instiument when Frozen

[ ok

J

Cancel ]

= Select “Freeze Instrument Only” if you do not want to
freeze any insert effects for the VST Instrument channels.
If you are using insert effects on the VST Instrument channel(s) and want
to be able to edit, replace or remove these after freezing the VST Instru-
ment, you should select this option.

= Select “Freeze Instrument and Channels” if you want to
freeze all pre-fader insert effects for the VST Instrument
channels.

If your VST Instrument channels are set up with the desired insert effects
and you do not need to edit these, select this option.

* You can set a Tail Size time to let sounds complete their
normal release cycle.
Otherwise, the sound might be cut off at the very end of the freeze file.

= When you activate “Unload Instrument when Frozen”,
the frozen VST Instrument will be removed.

This is useful if you are freezing an instrument that uses a lot of RAM, e.g.
for pre-loading samples. By unloading the instrument, the RAM becomes
available for other plug-ins, etc.

4. Click OK.

A progress dialog is shown while the program renders the VST Instru-
ment audio to a file on your hard disk.

The Freeze button lights up. If you check the Project win-
dow at this point, you will find that the relevant MIDI/in-
strument tracks have grayed out controls in the Track list
and Inspector. Furthermore, the MIDI parts are locked and
cannot be moved.

5. Play back the project.
You will hear exactly the same sound as before freezing the VST Instru-
ment — but the CPU load will be considerably less!

= If you selected “Freeze Instrument and Channels”, any
insert effects used by the VST Instrument are also frozen
(except for the post-fader inserts — Cubase only). How-

ever, you can always adjust level, pan, sends and EQ for
frozen VST Instruments.

175

Unfreezing

If you need to make adjustments (either to the MIDI tracks,
to the VST Instrument parameters or to the VST Instru-
ment channels if these were frozen) you need to unfreeze
the VST Instrument:

1. Click the Freeze button for the VST Instrument again
(either in the VST Instruments window or in the Inspector).
You will be asked to confirm this operation.

2. Click “Unfreeze”.
The tracks and VST Instrument are restored and the rendered “freeze
file" is deleted.

VST instruments and processor load

If you are working with VST 3 instruments, another way to
relieve processor load is the option “Suspend VST3 plug-in
processing when no audio signals are received” in the Pre-
ferences dialog (VST—Plug-ins page). This is described in
the section “Smart plug-in processing” on page 151.

Using presets for VSTi configuration

About track presets and VST presets

Track presets and VST presets allow you to quickly set up
tracks or instruments with all the settings required for the
sound you want. Cubase provides various types of pre-
sets for various purposes. Two of these are of relevance
for VST Instruments:

= Track presets for instrument tracks store the parameter
settings of a VST Instrument together with all track/chan-
nel settings (applied audio and MIDI insert effects, etc.).
Instrument track presets can only be applied to instrument tracks, not to
instrument channels activated in the VST Instruments window.

= VST presets store all panel settings for a plug-in (VST In-
struments and VST effects), but no track/channel settings.
Note that you can create instrument tracks from VST 3 presets, i.e. se-
lecting a VST 3 preset will create an instrument track with all settings
stored in the VST preset plus an “empty” track.

As described in the chapter “Audio effects” on page 150,

there are two types of VST presets that can be used: the

VST 2 standard “.fxb/.fxp" files and the VST 3 preset stan-
dard with the extension “.vstpreset”. Some of the included
VST Instruments use the VST 2 preset standard, and oth-
ers use the VST 3 standard.
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All VST 2 instruments can import “.fxb/.fxp” files and also

convert them to the VST 3 standard. Once converted, you
can use all VST 3 features. See “About earlier VST Instru-
ment presets” on page 178.

= For further information on Track presets and VST pre-
sets, see the chapter “Working with Track Presets” on
page 288.

Browsing for sounds

One important and often time-consuming aspect of music

creation is the search for the right sounds. You might spend
a huge amount of time trying out the presets for a particular
instrument only to find out later that the preset for another

instrument contains the sound you were looking for.

This is why Cubase features extensive browsing possibili-
ties, allowing you to preview all available presets without
having to load them first!

In addition, you can filter your search by specifying cate-
gory, style, etc.

For example, if you are looking for a bass sound, simply
select the Bass category and you can browse and preview
all bass sounds for all instruments. If you know you want a
synth bass sound, select Synth Bass as sub-category and
all synth bass sounds will be shown, etc.

You can also browse and preview track presets for instru-
ment tracks, i.e. instrument sounds plus all track settings
and all channel insert effect settings for this track.

These features combined speed up the process of finding
the right sound immensely.

= When creating your own presets, it is always a good
idea to set up attributes for them, as it allows you to fully
use the browsing features for your files, too.

This is described in detail in the chapter “The MediaBay” on page 273.

There are two ways of browsing for sounds:

= Using the Presets browser.
This will apply preset settings to an existing track.

= Using the Browse Sounds dialog.
Use this dialog if you have not set up a track yet.

Using the Presets browser

1. Create an instrument track and select it in the Track list.
You do not have to assign an instrument to the track, but make sure to
specify a MIDI input.

2. Make sure that the track settings are shown in the
Inspector.

3. Click in the Track Preset field in the Inspector (the text
field currently reads “No Track Preset”).

Click here...
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SUSNE oply Track Preset
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4. The Presets browser is opened. It contains three sec-

tions (Browser, Search & Viewer and Filter). By default, only
the Search & Viewer section is shown. Note that it may take
a moment before all available sounds appear in the Viewer.

= The Viewer section to the right displays all track presets
for instrument tracks and all VST 3 presets.

Track presets for audio tracks, MIDI tracks or “multi” track setups are not
displayed. The preset icon to the left of the file name indicates the type of
preset.

5. Select a preset in the list.

6. Play a few notes on your MIDI keyboard to hear the
preset sound. You can switch between presets and hear
the sound when you play. You can also play back/loop a
MIDI part on a track. Each time you select a preset, all as-
sociated track and/or instrument settings are automati-
cally loaded.

7. Use the Filter section to search for specific attributes if
you wish.

You can click on the attributes in the respective column (Category, Style
etc.), to filter out all presets that do not match the selected attribute(s).
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8. Double-click the desired preset to select it and close
the dialog.

Using the “Browse Sounds” dialog

1. Open the Project menu—Add Track submenu and se-
lect “Browse Sounds...".

The Browse Sounds dialog is opened. It contains the same sections as the
Apply Track Presets dialog (Browser, Viewer and Filter).

Fock/Metal
Utban HigHol

Wald/Ethric

The Viewer section of the Browse Sounds dialog displays
all preset sounds for all track types and all VST Instru-
ments. To preview the presets, you have play MIDI notes
on your MIDI keyboard because at this stage there is no
track connected.

2. When you have found the right sound, click OK to
close the dialog.

An instrument track is created with all track and/or instrument settings
that were saved in the preset.

Selecting VST Instrument presets

The previous sections focussed on selecting presets for
the creation of new instrument tracks, or for changing the
setup of an existing track. However, you can also use pre-
sets to change the settings of a VST Instrument.

/N Note that the following refers to the selection of VST 3
presets (.vstpreset). If you want to apply .fxp/.fxb pre-
sets to your VST 2 instruments in this way, see “About
earlier VST Instrument presets” on page 178.

To select a VST Instrument preset, proceed as follows:

1. Load a VST Instrument (either in the VST Instruments
window or via an instrument track).

2. If you use the VST Instruments window, select a MIDI
track routed to the instrument. If you use an instrument
track, select this.

3. If necessary, click on the track name at the top of the
Inspector to open the basic track settings.

4. Click in the Programs field in the Inspector.
The Presets browser is opened.
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5. Step through the presets during playback to find the
sound you are looking for.

6. Double-click the desired preset to load it and close
the Presets browser.

* You can also open the Presets browser by clicking in
the preset name field in the control panel of a VST Instru-
ment or by clicking the button next to the Preset name in
the control panel and selecting “Load Preset..." from the
pop-up menu.

= Selecting another preset in the Presets browser will
load it directly, replacing the previous preset.

= When the Presets browser is open, you can still use
Project window key commands, allowing you to start/stop
playback or locate to different positions in the project.

= Clicking the Reset button below the Viewer will reload
the last loaded preset.

Saving VST Instrument presets

You can save your settings as presets for further use (e.g.
in other projects):

1. Inthe VST Instrument panel, click the button to the right
of the preset name and select “Save Preset..." from the
pop-up menu.

This opens a dialog where you can save the current settings as a preset.

Presets are saved into a default folder named VST3 Pre-
sets. Within this folder, there is a folder called “Steinberg
Media Technologies” where the included presets are ar-
ranged in subfolders named after each instrument.
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You cannot change the default folder, but you can add fur-
ther subfolders inside the instrument'’s preset folder.

= Under Windows, the default preset folder is in the fol-
lowing location: Boot drive\Documents and Set-
tings\<user name >\Application data\VST3 Presets.

= Under Mac OS, the default preset folder is in the follow-
ing location: /Users/<user name>/Library/Audio/Presets/
<company>/<plug-in name>.

2. Enter a name for the new preset in the File name field
in the lower part of the dialog.

= If you wish to assign attributes to the preset, click the
Tag Editor button.

Click in the Value column to select an appropriate “tag” for one or sev-
eral of the available categories in the Attributes column. Tagging is de-
scribed in detail in the chapter “The MediaBay” on page 273.

3. Click OK to store the preset and exit the dialog.

Extracting sounds from Track Presets

You can extract a sound from a Track preset (disregarding
any track/channel settings) and save it as a VST preset.
Proceed as follows:

1. Click the button “Extract sound from Track Preset” be-
low the Output Routing pop-up menu in the Inspector.
This opens a dialog where all Track Presets are shown.

2. Select an instrument track preset or VST preset by
double-clicking it.

The VST Instrument and the settings (but no inserts, EQs or modifiers) of
the existing track are overwritten using the data of the track preset. The
previous VST Instrument for this instrument track is removed and the
new VST Instrument with its settings is set up for the instrument track.

Track Presets are described in detail in the chapter
“Working with Track Presets” on page 288.

About earlier VST Instrument presets

You can use any VST 2.x Instrument plug-ins in Cubase. In-
stalling VST Instrument plug-ins works the same way as for
audio effects — see “Installing additional VST plug-ins” on
page 166.

When you install a VST 2 instrument, any previously stored
presets for it will be of the old FX program/bank (.fxp/.fxb)

standard. You can import such files, but the preset handling
will be slightly different. You will not be able to use the new
features like the Preview function or the Tag Editor until you

have converted the old “.fxp/.fxb" presets to VST 3 presets.
If you save new presets for a VST 2 plug-in these will auto-
matically be saved in the new “.vstpreset” format in the de-
fault location.

Importing and converting FXB/FXP files
To import .fxp/.fxb files, proceed as follows:

1. Loadany VST 2 instrument you may have installed, and
click on the VST Sound button to open the Preset Ma-
nagement pop-up menu.

2. Select “Import FXB/FXP" from the pop-up menu.
This menu item is only available for VST 2 instrument plug-ins.

3. In the file dialog that opens, locate the .fxp file and
click “Open”.

If you load a bank (:fxb), it will replace the current set of all effect programs.
If you load a single program, it will replace the currently selected effect pro-
gram only. Note that such files exist only if you created your own .fxp/fxb
presets with a previous program version (or any other VST 2 application).

= After importing, you can convert the current program list
to VST presets by selecting “Convert Program List to VST
Presets” from the Preset Management pop-up.

When the presets are converted, they will be available in the Presets
browser, and you can use the Tag Editor to add attributes and audition
the presets. The presets will be stored in the VST3 Preset folder.

About latency

Depending on your audio hardware and its ASIO driver,
the latency (the time it takes for the instrument to produce
a sound when you press a key on your MIDI controller)
may simply be too high to allow comfortable realtime VST
Instrument playback from a keyboard.

If this is the case, a workaround is to play and record your
parts with another MIDI sound source selected, and then
switch to the VST Instrument for playback.

= You can check the latency for your audio hardware in
the Device Setup dialog (VST Audio System page).

The input and output latency values are shown below the ASIO Driver
pop-up menu. For live VST Instrument playing, these values should ide-
ally be a few milliseconds (although the limit for “comfortable” live playing
is a matter of personal taste).
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Constrain Delay Compensation

Cubase features full delay compensation throughout the
entire audio path. This means that any delay inherent in the
VST plug-ins you use will automatically be compensated
for during playback, so that all channels are kept in perfect
sync (see “About plug-in delay compensation” on page
152).

However, when you play a VST Instrument in realtime or
record live audio (with monitoring through Cubase acti-
vated), this delay compensation may sometimes result in
added latency. To avoid this, you can activate the Con-
strain Delay Compensation button on the Project window
toolbar. This function tries to minimize the latency effects
of the delay compensation, while maintaining the sound of
the mix as far as possible.

€* Cubase 5 Project - Untitled1

': Touch

[0lega on=train Delay Compensation

= In the Preferences dialog (VST page) you will find a set-
ting called Delay Compensation Threshold. Only plug-ins
with a delay higher than this setting will be affected by the
Constrain Delay Compensation function.

= VST plug-ins (with higher delay than the threshold
value) which are activated for VST Instrument channels,
audio track channels that are record enabled, group chan-
nels and output channels will be turned off when you acti-
vate Constrain Delay Compensation.

= VST plug-ins activated for FX channels are not turned
off but their delay is disregarded by the program (delay
compensation is turned off).

After recording or using a VST Instrument with Constrain
Delay Compensation, you should turn off the function to
restore full delay compensation.

External instruments (Cubase only)

An external instrument bus is an input (return) to your au-
dio hardware, along with a MIDI connection via Cubase
and few additional settings. External instrument busses
are created in the VST Connections window. All external
instrument busses you have created will appear on the
VST Instrument pop-up menus and can be selected in the
same way as any VST Instrument plug-in. If you select an
external instrument, you play it via MIDI as usual (you have
to create a MIDI device to play it) and the sound (synth au-
dio output) will come in to the VST environment where you
can apply processing etc. For more information on exter-
nal instruments, see “Setting up external instruments” on
page 22.

VST Instruments and Instrument tracks
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Background

What is Surround sound?

Surround is a common name for various techniques for po-
sitioning audio in reference to the listener. Whereas regular
stereo is limited to left/right positioning, within a relatively
narrow field, surround sound opens possibilities of posi-
tioning an audio source anywhere around the listener.

Surround sound comes in many flavors, from the ill-fated
Quadraphonic format for vinyl discs launched in the 70's,
to today’s more successful incarnations.

The differences between the formats are in two areas:

= The number and configuration of speakers.
This varies from two speakers up to 6.

= The intended final coding format.
This depends on the media the audio will be “stored” on: film, broadcast
video or DVD, for example.

Surround sound is a large topic, there are entire books
and regular publications devoted to the subject. This
chapter will not provide an in-depth introduction to sur-
round sound as such. Instead it will concentrate on the
specific implementation in Cubase.

Surround sound in Cubase

Cubase has integrated surround sound features with sup-
port for several formats. This support goes all the way
through the audio path — all audio channels and busses
can handle multiple speaker channel configurations (up to
6 channels). A channel in the mixer can either carry com-
plete surround mixes, or an individual speaker channel
which is part of a surround setup.

= Audio channels can be routed freely to surround channels.

= The SurroundPanner function in the mixer allows you to
graphically position channels in the surround field. This plug-
ins is described in detail in the section “Using the Surround-
Panner” on page 184.

= Cubase is ready for surround specific plug-ins, that is plug-ins
with multi-channel support specifically designed for surround
sound mixing tasks (the included “Mix6t02" plug-in is an exam-
ple of this). Due to their multi-channel support, plug-ins con-
forming to the VST 3 standard will work well in a surround
configuration, even if the are note specifically designed for sur-
round. The plug-ins that are included with Cubase are de-
scribed in the separate pdf document “Plug-in Reference”.

* You configure Cubase for surround by defining input and out-
put busses in the desired surround format, and specifying
which audio inputs and outputs should be used for the differ-
ent channels in the busses. This is done in the VST Connec-
tions window.

Encoding

The result of a surround mix in Cubase is either the multi-
channel audio sent from the surround output bus to your
surround speaker setup, or (if you use the Export audio
feature) audio file(s) on your hard disk. Exported surround
mixes can either be split (one mono file per speaker chan-
nel) or interleaved (a single file containing all the surround
channels).

Getting from this step to the final product (surround sound
on DVD, etc.) requires special software and possibly
hardware. This equipment will encode the signal into the
desired format, possibly compress the audio and store it
on the final media.

Exactly what type of software and/or hardware you need
depends on what kind of format you are mixing for and is
not dependent on Cubase in any way.

The VST Connections window

In this window you can add input and output busses.
There is a complete selection of common surround con-
figurations available, as well as standard mono or stereo
busses.

The Bus Name column contains the currently configured
busses as they will appear in the Input and Output Rou-
ting pop-ups in the mixer.

Click here to add a bus.
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The currently configured busses The outputs selected for the

channels of the bus

VST Connections showing the Outputs page. The “5.1 Out” bus is un-
folded, displaying the individual speaker channels, with their physical
output ports displayed in the Device Port column to the right.
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Surround in the mixer

Surround sound is supported throughout every stage of
the signal path in the Cubase mixer, from input to output
bus. Each bus or audio channel can carry up to 6 surround
speaker channels.

& (' Audio 01 - SurroundPan

Here, the SurroundPanner
is used for positioning the
sound “dynamically” in the
surround field.
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Using the Output Routing pop-up menu,
audio channels can be routed directly to
surround channels.
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In the output channel section of the mixer you can control
the master levels for configured busses. The level meter
for a bus (or channel in the mixer) that carries multiple sur-
round channels will show multiple level bars, one for each
speaker channel in the surround configuration.

Surround sound (Cubase only)

Operations

Setting up the surround configuration

Output bus configuration

Before you can start working with surround sound, you
have to configure a surround output bus, through which all
the speaker channels of the chosen surround format are
routed. How to add and set up busses is described in de-
tail in the section “Setting up busses” on page 14. Here is
a brief run through:

1. Open the VST Connections window from the Devices
menu.

2. Click on the “Outputs” tab.

3. Click the “Add Bus" button and select one of the pre-
set formats from the Configuration pop-up (see below).
The new bus appears with the ports visible.

4. By clicking in the Device Port column you can now
route the speaker channels to the desired outputs of your
audio hardware.

5. If you like, rename the output bus by clicking its name
and typing in a new one.
This name will appear in the mixer and on routing pop-ups.

The following surround configurations are included:

Format
LRCS

Description

LRCS refers to Left Right Center Surround, where the sur-
round speaker is center-rear positioned. This is the original
surround format that first appeared as Dolby Stereo in cin-
ema and later as the home cinema format Dolby ProLogic.

5.0 This is the same as 5.1 (see below) but without the LFE
channel. The LFE channel is optional in 5.1 and if you do
not plan to use it, you might find this option more conve-
nient.

5.1 This format is one of the most popular in cinema and DVD.
In its various cinema and DVD encoding implementations
(established by different manufacturers) it is referred to as
Dolby Digital, AC-3, DTS and MPEG 2 Multi-channel. 5.1
has one center speaker (mainly used for speech) and four
surround speakers (for music and sound effects). Addition-
ally a sub-channel (LFE — Low Frequency Effects) with

lower bandwidth is used for special low frequency effects.
LRC Same as LRCS, but without the surround speaker channel.

LRS Left-Right-Surround, with the surround speaker positioned
at center-rear.

LRC+Lfe
LRS+Lfe

Same as LRC but with an Lfe sub-channel added.
Same as LRS but with an Lfe sub-channel added.

182



Format Description

Quadro The original Quadraphonic format for music, with one
speaker in each corner. This format was intended for vinyl
record players.

LRCS+Lfe Same as LRCS but with an Lfe sub-channel added.

Quadro+Lfe ~ Same as Quadro but with an Lfe sub-channel added.

6.0 Cine A Left-Right-Center front speaker arrangement with 3
(Left-Right-Center) surround channels.

6.0 Music This uses 2 (Left/Right) front channels with Left and Right
surround channels and Left and Right Side channels.

Child busses

Essentially a child bus is a bus within a (wider) bus. Typi-
cally you may want stereo child busses within your sur-
round bus — this allows you to route stereo tracks directly
to a stereo speaker pair within the surround bus. You may
also want to add child busses in other surround formats
(with fewer channels than the “parent bus”).

Once you have created a surround bus, you can add one or
several child busses to it by right-clicking the bus and se-
lecting “Add Child Bus", see “Adding a child bus (Cubase
only)" on page 16.

Input bus configuration

To work with surround sound in Cubase, it is often not
necessary to configure a surround format input bus. You
can record audio files via standard inputs, and easily route
the resulting audio channels to surround outputs at any
stage. You can also directly import multi-channel files of
specific surround format onto audio tracks of the same
format.

You should add a surround input bus in the following cir-
cumstances:

* You have existing audio material in a specific surround
format, and you wish to transfer this material into Cubase
as a single, multi-channel file.

= You wish to record a surround setup “live”.

In both cases, you can add and configure an input bus of
the format you wish to use in the VST Connections dialog
so that each input on your audio hardware is routed to the
corresponding speaker channel.

To add an input bus, use the same general method as de-
scribed for output busses (see “Output bus configuration”
on page 182), but select the “Inputs” tab instead.

Routing channels directly to surround channels

If you want to place an audio source in one separate
speaker channel only, you can route it directly to that
speaker channel. This is useful for pre-mixed material or
multi-channel recordings that do not require panning.

1. Open the mixer and locate the channel you wish to
route.

2. From the Output Routing pop-up menu, select the
corresponding surround speaker channel.

= If a stereo audio channel is routed directly to a speaker
channel, the left/right channels will be mixed to mono.
The pan control for the audio channel governs the balance between the
left and right channel in the resulting mono mix. Center pan will produce
a mix of equal proportion.

Routing channels using child busses

Child busses provide a way to route stereo (or multi-chan-
nel) audio channels to specific speaker channels in a sur-
round configuration.

The most obvious application of a child bus is when you
wish to add a stereo channel to two specific left/right sur-
round speaker channels.

If you have added a child bus within a surround bus (see
“Adding a child bus (Cubase only)” on page 16), it ap-
pears as a submenu item within the surround bus on the
Output Routing pop-up menu. Select this to route a ste-
reo audio channel directly to that stereo speaker pair in
the surround bus.

Left Sumound
Right Surround

v Stereo Out
Left
Right
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Using the SurroundPanner

Cubase has a special feature for graphically positioning a
sound source in a surround field. This is actually a special
plug-in which distributes the audio from the channel in
various proportions to the surround channels.

1. Open the mixer and locate the channel you wish to
position.
This could be a mono or stereo channel.

2. From the Output Routing pop-up menu, select the
“whole surround bus” option (not a specific speaker
channel).

A miniature image of the surround plug-in interface appears above the
fader in the channel strip.

The channel strip showing a miniature surround field.

3. You can click and drag directly in the miniature image
to move the sound in the surround field.

The horizontal red strip to the right controls the subbass (LFE) level (if
available in the selected surround format).

* You can also view a slightly larger version of this control
by selecting “Panner” on the View options pop-up menu
for the extended mixer panel.

This mode offers click and drag-panning as well as numerical values for
left/right balance, front/rear balance and LFE amount - enter the desired
number or use the mouse wheel to adjust them.

= The SurroundPanner can also be displayed in the In-
spector for all audio channel track types. To display the
Surround Pan tab in the Inspector, make sure the corre-

sponding option is enabled in the Inspector context menu.

= For total control over surround panning, double-click on
the miniature image to open the full SurroundPanner
interface in a separate window.

The SurroundPanner controls

(‘ Audio 01 - SurroundPan

(‘ Audio 01 - SurroundPan

SurroundPanner 97

Standard |

The SurroundPanner plug-in
interface in Standard,
Position and Angle mode

SurroundPanner
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1.0

The SurroundPanner plug-in allows you to position your
audio in the surround field. It consists of an image of the
speaker arrangement, as defined by the output bus se-
lected on the Output Routing pop-up menu, with the
sound source indicated as a gray ball.
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Mode - Standard/Position/Angle

The Standard Mode/Position Mode/Angle Mode switch
allows you to work in three modes:

* In both Standard and Position mode, the speakers in the front
are aligned, as they would normally be in a cinema-type situa-
tion. This means that the front speakers are at a varying dis-
tance from the center. Standard mode (default) is the best
mode for moving sources between speakers without level at-
tenuation.

* Angle Mode is the traditional surround sound mixing definition.
Note that here the speakers are defined as being at equal dis-
tance from the center. This is not really a true representation of
for example a cinema, but has still proven to work well in many
situations.

Speakers

The speakers in the panel represent the chosen surround
configuration.

You can turn speakers on and off by clicking them with
[Alt]/[Option] pressed. When a speaker is turned off, no
audio will be routed to that surround channel.

Positioning and levels

/N The text below assumes that the Mono/Stereo pop-
up is set to “Mono Mix". For information on the other
modes, see below.

A sound source is positioned either by clicking or by drag-
ging the gray “ball” around in the panel (or by using key
commands, see below). By dragging during playback you
can record automation, see “Enabling and disabling the
writing of automation data” on page 189.

= In Standard Mode, the signal levels from the individual
speakers are indicated by colored lines from the speakers
to the center of the display.

Exactly how levels are handled may require some explana-
tion:

= When you move a source around, a number will indicate
the loudness in each speaker.

This is a value in dB (decibel) and is relative to the nominal level of the
source. In other words, 0.0 (dB) represents full level.

= If you position the source far enough away from a spea-
ker, its level will drop to zero (indicated by a negative infinity
symbol).

* In Standard Mode, the signal levels from the individual
speakers are indicated by colored lines from the speakers
to the center of the display.

* In Position Mode, the concentric circles will help you
determine the level of the signal at a certain position.

The yellow circle represents -3dB below nominal level, the red circle is at
-6dB and the blue is located at -12dB. These are affected by attenua-
tion, see below.

* In Angle Mode, a white arc helps you determine the per-
ceived “range” of a source (white and blue for stereo
tracks). The sound will be at its loudest in the middle of
the arc and will have dropped in level towards the ends.

* You can use modifier keys to restrict movement in vari-
ous ways:

In Standard and Position Mode:

Key Movement restriction
[Ctrl]/[Command]
[Ctrl)/[Command]-

Vertically only

Horizontally only

[Shift]

[Alt]/[Option] Diagonally (up left, down right)

[Ctrl//[Command]-  Diagonally (up right, down left)

[Alt]/[Option]

[Shift] Mouse movements are scaled to allow very fine
movements

In Angle Mode:

Key Movement restriction

[Shift] From center to perimeter only

[Ctrl][/[Command] Along the perimeter only (at current distance from

center)

There is also a special set of key commands for working in
the SurroundPanner window.

/N Fora complete list of the available key commands,
click on the SurroundPanner logo and then click
again!
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The LFE encoder (all modes)

SurroundPanner

-14.94d B} Sta

If the selected surround setup includes an LFE channel, a
separate LFE level encoder is available in the Surround-
Panner window. Use this to set the signal amount sent to
the LFE channel. You can also set this using the small red
strip to the right of the SurroundPanner in the mixer chan-
nel strip, or by typing in a number in the LFE value field in
the larger SurroundPanner that can be shown in the ex-
tended channel strip.

Click here and type in a LFE level value...

...or drag this control to set the LFE level.

B

The SurroundPanner in the channel strip (bottom) and in the extended
panel of the mixer channel strip (“Panner” selected on the View options
pop-up menu).

Mono/Stereo pop-up (All Modes)

If you have a mono channel, the Mono/Stereo pop-up is
set to Mono Mix by default. The panner will then behave as
described above.

If you have a stereo channel, you have the option of using
one of the three Mirror modes. Two gray balls will then ap-
pear, one for each channel (L/R). This will allow you to
move the two channels symmetrically, by dragging one of
them. The three modes allow you to select which axis
should be used for mirroring.

= The default mode for stereo channels is the Y-Mirror mode.

= If you run a stereo signal through the panner in Mono Mix
mode, the two channels will be mixed together before entering
the plug-in.

= If you run a mono signal through the plug-in in one of the ste-
reo modes, the signal will be split before entering the plug-in.

Additional parameters (Standard mode)

SurroundPa
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= Center Level.

This determines how center source signals should be reproduced by the
front speakers. With a value of 100%, the center speaker will provide the
center source. With a value of 0%, the center source will be provided by
the ghost image created by the left and right speakers. Other values will
produce a mix between these two methods.

= Divergence Controls.

The three divergence controls determine the attenuation curves used
when positioning sound sources, for X-axis front, X-axis back and Y-axis
(front/rear), respectively. If all three Divergence values are 0% (default),
positioning a sound source on a speaker will set all other speakers to
zero level (-x) (except for the center speaker which depends on the cen-
ter level). With higher values, the other speakers will receive a percent-
age of the sound source.

Additional parameters (Position and Angle mode)

= Attenuate.

Attenuate can be used to amplify or weaken the source. Exactly what effect
this has on the level in each speaker can be determined by the level read-
outs, the concentric circle (Position mode) and the arc (Angle mode).

= Normalize.

Normalize is a function for controlling the overall loudness from all speak-
ers. When this is set to 1.0 (full normalization), the level from all speakers
together is always exactly 0dB. The individual levels will then be boosted
or attenuated accordingly.

/N Please note that this is not a dynamic feature, like
compression or limiting. It is instead just a tool for
scaling the nominal output levels from the surround
channels.

Automation

All parameters in the SurroundPanner plug-in can be au-
tomated, just as with any other plug-in. See “Enabling and
disabling the writing of automation data” on page 189.
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Exporting a Surround mix

When you have set up a surround mix, you can export it
with the Export Audio Mixdown function. This function ex-
ports a single selected output bus — this means that all
channels that you want to be part of the mix must be routed
to the surround output bus.

You have the following export options when doing sur-
round work:

= Export to “split” format, resulting in one mono audio file
for each surround channel.

= Export to interleaved format, resulting in a single multi-
channel audio file (e.g. a 5.1 file, containing all six sur-
round channels).

= Under Windows you can also export a 5.1 surround mix
to a file in Windows Media Audio Pro format.

This is an encoding format tailored for 5.1 surround - see “Windows
Media Audio Pro files (Windows only)" on page 425.

For more about exporting to files, see the chapter “Export
Audio Mixdown" on page 419.

Using effects in surround configurations

Cubase introduces a special surround format for VST
plug-ins, that is plug-ins that can process more than two
channels. Mix6to2 is an example of such a plug-in.

Applying a surround-aware plug-in

This is not different from applying a regular plug-in. The
only difference is that the plug-in panel may have controls
for more than two channels.

Using a stereo plug-in in a surround configuration

Normally, when you apply a stereo insert effect to a sur-
round configuration, the first two speaker channels (often
L and R) are routed through the plug-in and other chan-
nels are left unprocessed.

However, you may want to use the plug-in on other speaker
channels. This is described in the chapter “Audio effects”
on page 150.
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Introduction

In essence, automation means finding and recording, for
each and every moment of your project, the right values for
a particular mixer parameter. When you create your final
mix, you will not have to worry about having to adjust this
particular parameter control yourself — Cubase will do it
for you.

Cubase provides very powerful and yet intuitive automa-
tion of virtually every mixer and effect parameter.

The following sections provide detailed descriptions of the
Cubase automation features.

Enabling and disabling the writing
of automation data

Tracks and mixer channels in Cubase can be “automation
enabled” by activating their automation Write (W) buttons.

The following track types feature Write (W) and Read (R)
buttons in the mixer, in the Track list and in the Channel
Settings window: Audio, MIDI, Instrument, FX Channel
and Group Channel tracks. Furthermore, the control pan-
els for all plug-in effects and VST Instruments also feature
Write and Read buttons.

The Write and Read buttons for a channel in the mixer
and for an automation track in the Track list

= If you activate Write for a channel, virtually all mixer pa-
rameters you adjust during playback for that specific
channel will be recorded as automation events.

= If Read is activated for a channel, all your recorded
mixer actions for that channel will be performed during
playback, just like you performed them in Write mode.

= The W and R buttons for a track in the Track list are mir-
rors of the W and R buttons in the corresponding channel
strip in the mixer.
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= Note that the Read button is automatically enabled
when you enable the Write button. This allows Cubase to
read existing automation data at any time.

You can separately deactivate Write, if you want to only read existing
data. There is no status Write on/Read off.

There are also global Read and Write indicator buttons
(“All Automation to Read/Write Status”) in the common
panel of the mixer and at the top of the Track list:

The “All Automation to Read/Write Status” buttons in the
mixer, and in the Track list

These buttons light up as soon as there is a single en-
abled Read or Write button on any channel/track within
your project.

= When “All Automation to Read/Write Status” is dis-
abled and you click on one of these buttons, all Read/
Write buttons on all tracks/channels are enabled.

When “All Automation to Read/Write Status” is enabled, this means that
at least one of the Read/Write buttons on one of the channels of your
project is enabled.

= When “All Automation to Read/Write Status” is enabled
and you click on one of these buttons, any enabled Read/
Write buttons on the tracks/channels of your project are
disabled.

= You will also find global Read/Write buttons on the
Automation panel. See the section “The Read/Write but-
tons in the Mode section” on page 193.

Creating automation data

Within a Cubase project, the changes in a parameter
value over time are reflected as curves on so-called auto-
mation tracks. The curves are drawn in realtime while you
write the automation data. Most of the tracks in your pro-
ject have automation tracks, one for each automated pa-
rameter.

= Automation tracks are hidden by default. For informa-
tion on automation track handling, see the sections “Auto-
mation track operations” on page 196 and “Working with
automation curves” on page 199.
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There are two approaches you can use to create automa-
tion curves:

= “Offline”, by manually drawing the curves on automation
tracks in the Project window.
See “Editing automation events” on page 200.

Take

= “Online”, by enabling the Read button and adjusting
parameters in the mixer or channel settings window while
rolling through the project in realtime. The value settings are
recorded and displayed as a curve on the automation track.
In the following sections, this online writing of automation data is also re-
ferred to as an “automation pass”.
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The methods are not different in terms of how the auto-
mation data is applied. They only differ in the way the au-
tomation events are created — manually drawing them or
recording them during automation passes. Any applied
automation data will be reflected in both the mixer (a fader
will move for example) and in a corresponding automation
track curve.

There are no hard and fast rules regarding which method
you should use. For example, you can create your automa-
tion data online without ever even opening an automation
track. Or you can stick to drawing automation curves off-
line. Every method has its advantages, but of course it is
up to you to decide what to use and when.

= Editing curves on automation tracks offers a graphical
overview in relation to the track contents and the time
position.

This makes it easy to quickly change parameter values at specific points,
without having to activate playback. For example, this method gives you a
good overview if you have a voice-over or a dialog on one track and a
music bed on another track, the level of which needs to be lowered by a
specific amount every time the dialog occurs.
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= By using write automation in the mixer you do not have
to manually select parameters from the Add Parameter list.
You can work much like you would using a “real” physical mixer. Every
action you perform is automatically recorded on automation tracks which
you can later open for viewing and editing.

The automation tracks themselves indicate the writing of
automation data:

= While writing automation data, the color of the automa-
tion track in the Track list changes to red.

»
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* The delta indicator in the automation track shows the
relative amount by which the new parameter setting devi-
ates from any previously automated value.

This is an additional visual aid when writing new automation data.

The delta indicator

What can be automated?

You can automate virtually every parameter in the Cubase
mixer.

= To find out which parameters can be automated for a
particular track, click in the Parameter display of the auto-
mation track to open a pop-up menu. Select “More..." to
open the Add Parameter dialog.

This dialog lists all automatable parameters for a particular track type. It is
described in detail in the section “Assigning a parameter to an automa-
tion track” on page 197.

The following actions CANNOT be automated, even
though they are features of the Cubase mixer:

Changing the input phase (Cubase only)
Changing of routing settings

Inserting a plug-in

Moving of plug-ins to different insert slots
Copying insert settings

Changing the stereo panner mode

Changing Control Room settings (Cubase only)
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The Automation panel

The Automation panel is a floating window, similar to the
Mixer and Transport panel. You can leave it open while

you work — the Project window will always have the focus.

To open the Automation panel, open the Project menu and
select the Automation Panel option or click the Automa-
tion Panel button on the Project window toolbar.

The Automation panel gives you access to all automation
options in Cubase. By default, all sections are displayed.

Suspend
Show
Settings

Show Al

You can change the panel configuration using the Setup
dialog, see “Using the Setup options” on page 471. The
following sections will explain all modes and options.
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Automation modes

Cubase provides three different punch-out modes for au-
tomation, available on the Automation Mode pop-up menu
on the main toolbar and in the Mode section on the Auto-
mation panel.

Auto-Latch
Crogs-Over

Selecting the automation mode in the Automation
panel and the Cubase toolbar.

The three modes available are Touch, Auto-Latch and
Cross-Over. In all three modes, automation data will be
written as soon as a parameter control is touched in play
mode. They differ in the way the writing of automation data
is ended, i.e. in their “punch-out” behavior. Which mode
to use depends on what is required in your particular
working situation.

= Note that you can change the automation mode at any
time, i.e. in play or stop mode or during an automation
pass. You can also assign key commands to the automa-
tion modes so you can quickly change between them.
See “Automation key commands” on page 196.

General punch-out conditions

The current automation pass will always punch-out as
soon as one of the following conditions is met, indepen-
dent of which automation mode is selected:

= If you Disable Write

= If you Stop playback

= If you activate Fast Forward/Rewind

= If the project cursor reaches the right locator in Cycle mode.

* If you click in the ruler to move the project cursor (note that
this function is user-definable — it can be controlled via the
Automation panel, see “Allow Continue Writing after Trans-
port Jump” on page 196).
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Touch

Typically, you would use Touch mode in situations where
you want to make a change lasting only a few seconds to
an already set up parameter.

As the name implies, Touch will write automation data only
for as long as you actually touch a parameter control —
punch-out occurs as soon as you release the control.

After punch-out, the control will return to the previously
set value. The Return Time setting (see “Return Time” on
page 195) determines how long it takes for the parameter
to reach the previously set value.

Punch Punch

\ In out
| |

Writing automation

»

Parameter Value

/

—
Time

Automation mode: Touch

Auto-Latch

In Auto-Latch mode, there is no specific punch-out condi-
tion other than those valid in all modes, see above.

Auto-Latch is probably the automation mode you will use
the most, in all situations where you want to keep a value
over a longer period of time — for example when making
EQ settings for a particular scene.

Once your pass has started, the writing of automation data
continues for as long as playback lasts or Write is enabled.
The last value setting will be kept until you stop writing.
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Punch Un- Punch

\ In touch out
| | |

Writing aut})mation

»

Parameter Value

»

—
Time

Automation mode: Auto-Latch

= The automation mode for On/Off switches is always
Auto-Latch (even if another mode is selected globally or
for the track).

Cross-Over

Think of the Cross-Over mode as a kind of “manual return
time" option (see “Return Time” on page 195). The Cross-
Over mode can be used in situations where you are not

happy with an already existing automation curve or with the
automatically applied return settings. Cross-Over mode al-
lows you to perform a “manual return” to ensure smooth

transitions between new and existing automation settings.

For Cross-Over, the punch-out condition is crossing over
an already existing automation curve after touching the
parameter for a second time.

Look at the figure below: Like in Auto-Latch mode, once
the automation pass begins with the first touching of the
parameter control, automation data is written for as long
as playback lasts.

When you have found the correct value setting, you can
release the fader — the automation pass continues, with
the value setting remaining the same.
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Now, re-touch the fader and move it towards the original
value. As soon as you cross the original curve, punch-out
occurs automatically.

Un-
touch
|

Punch
\ 'lﬂ

Re-
touch
|

Punch
out
|

| | |
'\,\Nm Existing
|
Cautoma(iii/w‘/\,\
I i

7

|

|
Automation !
written in :
|

|

|

»

Parameter Value

Cross-Over

|
|
|
|
|
|
|
|
: mode
|

—
Time

Automation mode: Cross-Over

Trim

This is described in the section “Trim” on page 193.

/N When selecting Trim as the automation mode for a
track, the punch-out behavior will always be as in
Auto-Latch.

The Read/Write buttons in the Mode section

At the bottom of the Mode section, you find two Read and
two Write buttons. These are used to globally enable or
disable the Read and Write buttons on all tracks.

The All Automation to Read/Write buttons in the Mode section

= Click “All Automation to Write” to enable all Write but-
tons (and, at the same time, all Read buttons) on all
tracks/channels of your project.

Clicking “All Automation Write off” will disable all Write buttons. The
Read buttons will remain enabled.

= Click “All Automation to Read” to enable all Read but-
tons on all tracks/channels of your project.
Clicking “All Automation Read off” will disable all Read buttons.
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Automation performance utilities

The automation modes described above become far more
effective when used in combination with the Cubase auto-
mation performance utilities. These are a number of op-
tions and functions tailored to specific situations, allowing
you to write automation data quickly and efficiently. You
will find these utilities on the Automation panel.

Trim
Trim is available from the Automation panel only. Trim is a

way of manipulating an already written automation curve,
rather than an automation mode.

= Trim works for channel volume and aux send level
adjustments.

When enabling Trim, a channel volume fader is positioned
in the exact middle position, and will not move with any ex-
isting volume automation curve.

You can use Trim either in Stop mode or in Play mode.

= In Stop mode, moving the fader with Trim activated will
move the existing automation curve between the left and
right locators up or down.

* In Play mode, as the project cursor moves along the
timeline, your Trim moves will adjust the existing break-
points on the automation curve.

= Note that the exact result of your trim moves in Play
mode will only be visible after punch-out.

= Note that Trim is not merely a matter of rewriting the
automation curve using the fader movements you perform.
Instead, the settings from the existing curve and the set-
tings calculated from your fader movements are used to re-
calculate the automation curve as soon as you punch-out.
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The Suspend options

Suspend Read Suspend Write

Wollme ollme

Fan Fan

The parameters or parameter groups selected here are
excluded from the reading or writing of automation data —
giving you full manual control of these parameters.

= Note that the Others options refer to all parameters
not covered by any of the options Volume, Pan, Mute, EQ,
Sends or Inserts.

Suspending Write

Imagine the following situation: To help you concentrate
while working on a particular track, you mute several other
tracks. However, because automation Write is active on
these tracks, this mute state is also automated during the
next automation pass — a classic situation in mixing.

To avoid inadvertently excluding whole tracks from your
mix in this way, you can exclude Mute from all automation
writing. Simply click Mute below the Suspend Write but-
ton in the Suspend section on the Automation panel.

= To suspend the writing of automation data for all param-
eters/parameter groups, click the Suspend Write button
at the top of the section.

When any of the options below the Suspend Write button are enabled,
clicking Suspend Write will disable these buttons.

= When an automation pass is in progress for a particular
parameter and you write-suspend this parameter, it will
punch-out of the automation pass.

Suspending Read

Imagine you have already automated several tracks. While
working on the current track, you want one of the other
tracks to be louder, to better identify a particular position
in your audio material. By suspending Read for the volume
parameter, you regain full manual control and can set the
volume to the required level.

= To suspend the reading of automation data for all pa-
rameters/parameter groups, click the Suspend Read but-
ton at the top of the section.

When any of the options below the Suspend Read button are enabled,
clicking Suspend Read will disable these buttons.

The Show options

Showe Used

olume

Pan

The Show options on the Automation panel always affect
all tracks. Clicking on these buttons opens the automation
tracks for the corresponding parameters, e.g. volume or
pan. This makes it easy to look at your EQ settings on sev-
eral tracks, for example.

= When you click either Volume, Pan, EQ, Sends or In-
serts, this will open the corresponding automation track(s)
for all tracks.

The automation tracks will be opened even if no automation data was re-
corded on these tracks.

= For parameter groups (i.e. Pan, EQ, Sends and Inserts)
you can step through the individual parameter sets by re-
peatedly clicking the respective button.

* When the Used Only button is enabled, clicking one of
the options will show you only the automation tracks for
which automation data has already been written.

“Empty” automation tracks will not be displayed.

= When you click Show Used, only automation tracks that
contain automation data will be displayed.

= Hide All will hide all open automation tracks.
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The Settings section

In the Settings section of the Automation panel you will
find a number of global options and commands.

The Functions pop-up menu

Delete &ll Automation in Project
Delete Automation of Selected Tracks
Delete &utomation in R ange

At the top of the Settings section, you will find the Func-
tions pop-up menu, which contains a number of global
commands affecting automation.

= You can always undo these actions!

Delete All Automation in Project

This global command will remove all automation data from
your project. Use this option with great caution, otherwise
you may loose your work.

Delete Automation of Selected Tracks

When you select this command, all automation data for
the selected track(s) will be removed. Make sure you have
selected the right track(s) before using this option.

Delete Automation in Range

This command will delete, on all tracks, all automation
data between the left and right locator. Be sure that this is
what you want to do before proceeding!
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Global options

Return Time

The Return Time setting determines how fast the auto-
mated parameter returns to any previously automated
value when you release the mouse button.

The default setting is 33 ms. Make sure that the return time
is set to a value higher than 0, to prevent sudden jumps in
your parameter settings (which may lead to crackles).

Reduction Level

The automation reduction function automatically reduces
the number of automation events. During an automation
pass (or when drawing automation with the Pencil tool),
these are added as a continuous stream of densely packed
break-points. This is necessary because the program can-
not “guess” what you will be doing next.

However, when punching out, the reduction function will
remove all break-points that are not needed. The automa-
tion curve will contain only the break-points necessary to
reproduce your actions.

For example, all break-points that lie between two other
points, but do not deviate from the curve, will be automat-
ically removed by reduction.

42241)-7.38

If you try to add a break-point that does not deviate from the existing
curve between two existing points...

—/L”,‘-\

...it will be removed when the mouse is released. If you move the se-
lected break-point by any amount so that the resulting curve is not a

straight line, a new event will be added.

= If you are unhappy with the default setting (a reduction
of roughly 50%), you can change it, but normally the de-
fault setting works well.

/N\ The higher the number of automation events, the
higher the CPU load. If performance is an issue in
your workflow, you should consider raising the re-
duction level, to remove more events.
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The Options pop-up menu
Show Data on Tracks

When this option is activated, audio waveforms or MIDI
events will be displayed not only on the audio or MIDI
tracks, but also on the corresponding automation tracks.

= Note that this depends on two options in the Prefe-
rences dialog: The events will be displayed only when the
option “Show waveforms” (Event Display—Audio) is en-
abled and when “Part Data Mode” (Event Display—MIDI) is
set to an option other than “No data”.

Allow Continue Writing after Transport Jump

Normally, when you are writing automation data and locate
to another position in the project during this process, the
writing will be stopped until the mouse button is released or
until the Transport Stop command is received. This is to
make sure that you do not inadvertently overwrite existing
automation (e.g. if the Cycle is active or if you are using the
Arranger functions). However, when you activate “Allow
Continue Writing after Transport Jump”, the recording of
automation will not be blocked, allowing for example for
multiple automation passes in Cycle mode.

Hints and further options

Automation key commands

In the Key Commands dialog (opened from the File menu
in Cubase), in the Commands section on the left, you will
find an Automation category which lists all automation
commands to which you can assign key commands.

How to assign key commands is described in detail in the
chapter “Key commands” on page 479.

About linking and automation

= Cubase allows you to link, in the mixer window, various
parameters between different channels (see “Link/Unlink
channels” on page 129).

When automating the settings of a channel that is linked to another
channel in the mixer, the parameters of the linked channel will NOT be
automated.
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= Cubase only: Also, in the channel settings window, you
can link a send’s panorama settings to the panorama set-
tings displayed in the channel strip (by enabling the option
“Link Send Routing Panners to Channel Panner as Default”
in the Preferences—VST page).

For linked panners of sends and channels, automating one panner will
automate the linked panner as well.

About automation undo

Every automation write operation you perform creates its
own event in the undo history, so you can undo or redo
any of your automation moves at any time.

Automation track operations

About automation tracks

Audio tracks, group channel tracks and FX channel tracks
all have automation tracks. These allow you to view and edit
the automation of all mixer settings for the track, including
settings for the track’s insert effects. There is one automa-
tion track for each parameter, and automation tracks can be
shown or hidden in any combination.

Similarly, MIDI tracks have automation tracks for mixer set-
tings, track parameters and (if used) for send and insert ef-
fect settings.

VST Instruments have special automation tracks that ap-
pear in the Project window when you load a VST Instrument
via the VST Instruments window. There is one automation
track for the plug-in parameters, and one track for each
mixer channel used by the instrument. These tracks have
automation subtracks, giving you access to all parameters
and mixer settings.

Instrument tracks, as a combination of a MIDI track and a
VST Instrument, have automation tracks that provide auto-
mation parameters for the VST Instrument itself, for the
VST Instrument channel and the respective MIDI automa-
tion parameters.

Finally, for ReWire channels and input (Cubase only)/out-
put channels, automation tracks are automatically added as
soon as you activate automation (with the Write button) in
the corresponding mixer channel strip or in the Channel
Settings window or globally (“All Automation to Write Sta-
tus”) in the Mixer common panel or above the track list.
These tracks also have automation tracks for all parameters.
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Opening automation tracks

Every track has a number of automation tracks, each
showing one automation parameter.

For audio, Instrument, group channel, MIDI and FX chan-
nel tracks, there are two ways you can open an automa-
tion track for the channel:

= By right-clicking the track in the Track list and selecting
“Show Automation” from the context menu.

= By clicking along the left edge of the track in the Track
list. (Also, when you position the mouse pointer over the
lower left corner of the track, a corresponding arrow icon
(“Show/Hide Automation”) appears.)

An automation track opens in the Track list. By default, the volume para-
meter is assigned to the first automation track.

Click here to open an [m|s]|orums ® w0
automation track. steren ®

= If you position the mouse pointer over the lower left cor-
ner of an automation track, a “+" sign (“Append Automa-
tion Track”) will appear. If you click this, another automa-
tion track opens, by default showing the next parameter in
the Add Parameter list (see below).

I TR T —

MIDI Bass

Assigning a parameter to an automation track

Default parameters are already assigned to automation
tracks when you open them, according to their order in the
Add Parameter list (see below).

To select which parameter an open automation track
should display, proceed as follows:

1. If none exists, open an automation track using one of
the methods described above.

2. Click in the parameter display for the automation track.
A pop-up list is shown, containing some of the automation parameters
plus the item “More..." at the bottom of the list. The contents of the list
depend on the track type.

Input Gain
Linked Panner

Standard Parmer - Pan Left-Fight

Standard Parner - Pan LeftRight2
Standard Parmer - Bypass

Sends:1 - Send Enatle

Sends:1 - Serd Level

Sends:1:5tandard Panner - Pan Left Right
Sends:1:Standard Panner - Pan Left-Right2
Sends:1:Standard Panner - Bypass
Sends:2 - Send Enatle

Sends:2 - Serd Level

Sends:2:5tandard Panner - Pan Left Right
Sends:2:Standard Panner - Pan Left-Right2
Sends:2-Standard Panner - Bypass

Remove Parameter

Remeve Volume Automation
Remove all Automation of Track
Remorve Effect Automation
Remorve EO Automation
Remove Unused Parameters

= If the parameter you wish to automate is on the pop-up
menu, you can select it directly.

The parameter will then replace the current parameter in the automation
track.

= If you wish to add a parameter not available on the pop-
up menu or want to view all parameters that can be auto-
mated, go on to the next step.

3. Select “More...".

The Add Parameter dialog appears. This dialog shows a list with all pa-
rameters that can be automated for the selected channel (sorted into dif-
ferent categories), including the parameters for any assigned insert
effects. To view the parameters in each category, click the “+" sign for
the category folder.

(‘ Add Parameter

Parameter:

>

Walume
- Mute
o [nput Gain

Linked Panner
[H--[3) Standard Panner

0eenaanna
o

<] >

[ Help ] [ 0K ] [ Cancel ]

The Add Parameter dialog for an audio track
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4. Select a parameter from the list and click OK.
The parameter will then replace the current parameter in the automation
track.

= Note that the “replacing” of the parameter displayed in
the automation track is completely non-destructive.

If the automation track contained any automation data for the parameter
you just replaced, this data will still be there, although it will not be visible
after you replaced the parameter. If you click in the parameter display you
can switch back to the replaced parameter. On the pop-up menu, all au-
tomated parameters are indicated by an asterisk (*) after the parameter
name.

Drums

R w| [voume [ oo

[RE= Mute =
W Linked Panner

Standard Panner - Pan Left-Right

Standard Panner - Pan Left-Right2

Standard Panner - Bypass

Sends:1 - Send Enable

Sends:1 - Send Level

Sends:1:Standard Panner - Pan Left-Right

Sends:1:5tandard Panner - Pan Left-Right2

Sends:1:5tandard Panner - Bypass

Sends:2 - Send Enable

Sends:2 - Send Level

Sends:2:5tandard Panner - Pan Left-Right

Sends:2:Standard Panner - Pan Left-Right2

Sends:Z:5tandard Panner - Bypass

The Mute parameter is automated.

You can click the “Append Automation Track” button (the
“+" sign) for the automation track several times to open
additional automation tracks. Repeat the above procedure
to assign a parameter to each automation track.

= Note that tempo changes cannot be automated on au-
tomation tracks. This is done using the tempo recording
function in the Tempo Track Editor, see “Recording tempo
changes” on page 405.

Removing automation tracks
To remove automation tracks, proceed as follows:

= Toremove an automation track, click the parameter name
and select “Remove Parameter” from the pop-up menu.
Note that this will also delete any automation events on the automation
track, and the automation track will be closed.

= To remove all currently unused automation tracks from a
track in the Track list, select “Remove Unused Parameters”
from any of its automation track parameter name pop-ups.
All automation tracks that do not contain automation events will be
closed for the selected track.

= Use the Delete options in the Functions pop-up menu of
the Automation panel, see “The Functions pop-up menu”

on page 195.

Using these commands will also lead to the removal of automation tracks.

Showing/hiding automation tracks

= To hide a single automation track, position the pointer
over the top left border of the automation track in the
Track list and click the “Hide Automation Track” button
(the minus sign).

= To hide all automation tracks for a track, right-click the
track for which you wish to hide the automation tracks,
and select “Hide Automation” from the context menu.

= To hide all automation tracks for all tracks in the Track
list, right-click any track and select “Hide All Automation”
from the context menu.

This option is also available on the Track Folding submenu of the Project
menu.

= On the Automation panel, you can hide or show auto-
mation tracks using the options in the Show section.
See “The Show options” on page 194.

Showing only used automation tracks

If a lot of automation tracks are used, it may be impractical
to have them all open in the Track list. If you want to view
only the automation tracks that are used (i.e. those that
actually contain automation events) and hide all empty au-
tomation tracks, do one of the following:

= Right-click any track in the Track list and select the op-
tion “Show All Used Automation” from the pop-up menu.
This will close all automation tracks not containing any automation
events, while leaving used automation tracks open for all tracks. This op-
tion is also available in the Track Folding submenu of the Project menu.

Add Track >

Select All Events
Duplicate Tracks
Remove Selected Tracks
Track Controls Settings...

Hidz Automation
Show Used dutomation [Selected Tracks)

Hide All Automation g

= Right-click a specific track and select the option “Show
Used Automation (Selected Track)” from the context menu.
This will close all automation tracks for the selected track not containing
any automation events, while leaving used automation tracks open.

Automation



Muting automation tracks

==

7
=! Miute ALtomation

You can mute individual automation tracks by clicking their
Mute buttons in the Track list. Unlike the Read (R) button,
which will activate or deactivate Read mode for all auto-
mation tracks of a track, the Mute button allows you to turn
off automation for a single parameter.

The “Automation follows Events” setting

If you activate “Automation follows Events” on the Edit
menu (or in the Preferences—Editing page), automation
events will automatically follow when you move an event or
part on the track.

This makes it easy to set up automation related to a spe-
cific event or part, rather than to a specific position in the
project. For example, you can automate the panning of a

sound effect event (having the sound pan from left to right,
etc.) — if you need to move the event, the automation will

automatically follow! The rules are:

= All automation events for the track between the start
and end of the event or part will be moved.

If there are automation events in the new position (to which you move the
part or event), these will be overwritten.

= If you copy an event or part, the automation events will
be duplicated as well.

Recording plug-in automation

Every parameter for every assigned effect or VST Instru-
ment can be automated in much the same manner as de-
scribed above.

The following example assumes that you have assigned an
insert effect to an FX channel track (see the chapter “Au-
dio effects” on page 150), and describes how to record
automation for the effect:

1. Select the FX channel track in the Track list and open
its Inserts section in the Inspector.

2. Open the control panel for the effect by clicking the Edit
button (“e”) above the insert effect slot in the Inspector.
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3. Click the Write button in the control panel to enable
Write mode.

The Read button is enabled as well. All effects and VST Instruments have
Write/Read buttons on their control panels. These work exactly like the
corresponding buttons in the mixer or in the Track list.

4. Start playback and adjust some effect parameters in
the control panel.
When you are finished, stop playback and return to the position where
you started playback.

5. Disable Write.
The Read button remains enabled.

6. Start playback and watch the control panel.
All actions you performed during the previous playback will be repro-
duced exactly.

Dragging and dropping of insert plug-ins

You can drag an insert plug-in from one insert slot to an-
other, either on the same channel or on a different channel.

* When dragging a plug-in to a different insert slot on the
same channel, any existing automation data will move with
the plug-in.

* When dragging a plug-in to a different insert slot on a
different channel, any existing automation data will not be
transferred to the new channel.

Working with automation curves

About automation curves

There are two kinds of automation curves, “ramp” and
Hjump":

= Jump curves are created for any parameter that only has
on/off values, like a Mute button, for example.

* Ramp curves are created for any parameter that gener-
ates continuous multiple values, such as fader or encoder
movements, etc.

LL| o
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Examples of jump and ramp automation curves
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About the static value line

When you open an automation track for a parameter for the
first time, it does not contain any automation events (unless
you have previously adjusted that parameter with write au-
tomation activated), and this is reflected in the event display
as a straight horizontal black line, the “static value” line. This
line represents the current parameter setting.

= If you have manually added any automation events or
used write automation for the corresponding parameter,
and then disable the reading of automation data, the auto-
mation curve will be grayed-out in the automation track
event display and the static value will be used instead.

As soon as Read mode is enabled, the automation curve will become
available.

Editing automation events

Drawing automation events

By using write automation in the mixer, you generate auto-
mation events by moving parameter encoders and faders
in the mixer. You can also add them manually by drawing
automation curves on an automation track. Proceed as
follows:

1. Open an automation track for the track you want to
make settings for.

The static value line is shown in the event display for the automation track
and the Volume parameter is selected.

2. Select the Pencil tool.
You can also use the various modes of the Line tool for drawing curves,
see below.

3. Click on the static value line. An automation event is
added, read automation mode is automatically activated,
and the static value line changes to a blue automation
curve.
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4. Ifyouclick and hold, you can draw a curve by adding a
multitude of single automation events.

Note that the track color in the Track list changes to red to indicate that
automation data is being written.

3.3.2.88]-15.92

5. When you release the mouse button, the number of
automation events is reduced to a few events, but the ba-
sic shape of the curve still remains the same.

This “thinning out” of events is governed by the Reduction Level setting
in the Settings section of the Automation panel, see “Reduction Level”
on page 195.

[T
6. If you now activate playback, the volume will change

with the automation curve.
In the mixer, the corresponding fader moves accordingly.

7. Simply redo the operation if you are not happy with the
result.
If you draw over existing events, a new curve is created.

= If the automation track is in Read mode already, you can
also add automation events by clicking with the Arrow
tool.

If you are trying to add a break-point between two existing points and the
new point does not deviate from the existing curve, it will be removed by
reduction as soon as you release the mouse button (see “Reduction
Level” on page 195).

Using the various modes of the Line tool to draw
automation curves

The Line tool can be very useful for drawing automation
events. The various modes are accessed by selecting the
Line tool on the toolbar, clicking on it a second time and
selecting from the pop-up menu that appears.

= Clicking and dragging with the Line tool in Line mode
shows a line in the automation track and creates automa-
tion events aligned with this line.

This is a quick way to create linear fades, etc.

e ———
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= The Line tool in Parabola mode works in the same way,
but aligns the automation events with a parabolic curve in-
stead, resulting in more “natural” curves and fades.

Note that the result depends on the direction from which you draw the
parabolic curve.

Bl o= ggipeme N AR -amwns

= The Sine, Triangle and Square Line tool modes create
automation events aligned with continuous curves.

If snap is activated and set to Grid, the period of the curve (the length of
one curve “cycle”) is determined by the grid setting. If you press [Shift]
and drag, you can set the period length manually, in multiples of the grid
value.

N ™ ae?

Selecting automation events

= To select a single automation break-point, click on it
with the Arrow tool.

The break-point turns red, and you can drag it in any horizontal or vertical
direction between two points.

= To select multiple break-points, you can either [Shift]-
click or drag a selection rectangle with the Arrow tool.
All break-points inside the selection rectangle will be selected.

gy, e femsen
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Drawing a selection rectangle around break-points to select them.

* To select all automation events on an automation track,
right-click the automation track in the Track list and choose
“Select All Events” from the context menu.

[volume, 5 Track

Remove Selected Tracks

Removing automation events

There are several ways to remove break-points:

= By selecting points and pressing [Backspace] or [De-
lete] or selecting Delete from the Edit menu, or by clicking
on a break-point with the Eraser tool.

This will remove the break-points. The curve is redrawn to connect the
break-points immediately to the left and right of the removed points.
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= By selecting a range (with the Range Selection tool),
and pressing [Backspace] or [Delete] or selecting Delete
from the Edit menu.

= By clicking in the parameter display on an automation
track and selecting “Remove Parameter” from the pop-up.
This will remove all automation events from the automation track, and the
automation track will be closed.

Editing automation events

Automation events can be edited much like other events.
You can use cut, copy and paste, you can group and
nudge events, etc.

Editing automation events in the Project
Browser

You can also edit automation events in the Project Brow-
ser. Proceed as follows:

1. Open the Project Browser by selecting it from the Pro-
ject menu.

The Browser window opens. The window is divided into two sections,
the Structure list to the left and the event display to the right.

2. Click on the “+" sign for a track in the structure list.
Automated tracks have two subitems: Track Data and Automation. The
Automation item corresponds to the automation track in the Project win-
dow, and contains the track’s automation events.

3. Click on the “+" sign for the Automation item.
All automated parameters for the track are shown in the structure list.

4. Clicking on a parameter in the structure list brings up
the automation events in the event display.

¢ Browse Project - Mixing %.cpr

A=Al | Tirne Format
Project & Yiewing: Mixing 9.cpriElec Guitarbuto
Mixing 9 cpr 21| ¢ Position | Value |
El- 44 Elec Guitar 111 02738
i Track Data 9. 1.1. 0 -285
9 1.1. 0-346
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The following parameters are available for all automation
tracks:

Parameter Description
Position The position of the automation event.
Value The value of the automation event.

Automation



MIDI Controller automation

Merging automation data

When working with Cubase, it is possible to record auto-
mation data for MIDI controller data in two places: as MIDI
part data and as data on an automation track.

If you have such “conflicting” automation data, you can
specify separately for every parameter how these will be
combined during playback. This is done by selecting an
Automation Merge mode in the Track list for the automa-
tion track.

The options on
the Automation
Merge Mode
pop-up menu

12| M | & | MIDI Bass
©

Feplace 1 - Part Range
Replace 2 - Last Walue Continues
¥ fwerage

Modulation

The following options are available:

Option Description

Use Global When this is selected, the automation track uses the

Settings “global” Automation Merge mode specified in the MIDI
Controller Automation Setup dialog, see below.

Replace 1 - When this is selected, the part data has playback prior-

Part Range ity over the automation track data, i.e. at the left and

right part borders, the automation mode switches
abruptly from part to track automation, and vice versa.

Replace 2 - Last
Value Continues

Similar to the above, but part automation only begins
when the first controller event within the part is
reached. At the end of the part, the last controller value
will be kept until an automation breakpoint is reached
on the automation track.

Average When this is selected, the average values between part
and track automation will be used.
Modulation In this mode, the automation track curve modulates the

existing part automation, with higher curve points em-
phasizing the automation values and lower curve points
reducing the automation values even further.

= This pop-up menu is only available for controllers that
can be recorded both for a part and a track. When the
pop-up menu is not available in the Track list, the current
parameter will not cause any playback conflicts.

= For a full list of all the parameters with potential auto-
mation data conflicts, open the MIDI Controller Automa-
tion Setup dialog, see below.
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= The settings you make for a controller are applied to all
MIDI tracks that use this controller.

MIDI Controller Automation Setup settings

In the MIDI Controller Automation Setup dialog, you can
specify how existing MIDI automation should be handled
on playback and where new automation data should be

recorded, in a MIDI part or as track automation.

Proceed as follows:

1. On the MIDI menu, select “MIDI Controller Automation
Setup”.
A dialog opens.

(‘ MIDI Controller Automation Setup

Record Destination an canflict [global]

- | Automation Merge Mode (global]

Define individual settings for a contraller in this table:

Fecord Destination
Use Global Settings
Use Global Settings

Controller
CCO [BankSel MSE]
CC1 [Modulation]

Autarmation Merge Mode
Use Global Settings
Use Global Settings

CC 2 (Breath] Use Global Settings Use Global Settings
CC 3 [Contral 3] Use Global Settings Use Global Settings
CC 4 [Foat) Use Global Settings Use Global Settings

CCE [Portamenta)
CCE [DatsEnt MSB]
CC 7 [MainYolume]

Use Global Settings
Use Global Settings
Use Global Settings

Use Global Settings
Use Global Settings
Awerage

CC 8 (Balance) Use Global Settings Use Global Settings
CC 3 [Control 9] Use Global Settings Use Global Settings
CC10 [Pan) Use Global Settings Use Global Settings

CC 11 [Expression)
CC12 [Control 12]
CC 13 [Contral 13)
CC 14 [Control 14)
CC 15 [Control 18]
CC16 [GenPup 1)
CC17 [Gen Pup 2]

)

I

Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings

Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings
Use Global Settings

CC 18 [Gen Pup 3,
CC 19 [Gen Purp 4
CC 20 [Control 20)
CC 21 [Control 21]
CC 22 [Control 22]
CC 23 [Control 23]
)
)
)
)

CC 24 [Control 24
CC 25 [Contral 25
CC 26 [Cantrol 26
CC 27 [Control 27,

~

[ Help ] [ Load Default ] [ Save as Default ] I Ok

J |

Cancel ]

2. On the “Record Destination on conflict (global)” pop-
up menu, specify the record destination for MIDI controller
data.

This determines which destination will be used if there is a
“conflict”, i.e if MIDI controller data is received by Cubase

and both the Record and the Automation Write buttons are
enabled.
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The following options are available:

Option Description
MIDI Part  Select this when you want to record MIDI part automation.

Automation Select this to record the controller data on an automation
Track track in the Project window.

3. On the “Automation Merge mode (global)” pop-up
menu, specify the global Automation Merge Mode, i.e. the
mode that will be used for all automation tracks with the
setting “Use Global Settings”, see above.

By default, this is set to “Average”.

= In the table in the lower section of the dialog, you can
specify the Record destination and the Automation Merge
mode separately for all the available MIDI controllers. This
gives you full control over the MIDI automation (destina-
tion as well as Merge mode) in your project.

4. Click in the Record Destination column for a MIDI
controller to open the pop-up menu where you can
choose where you want recorded data of this particular
MIDI Controller to end up.

5. Click in the Automation Merge Mode column for a
MIDI controller to specify what will happen with data for
this specific controller on playback.

= All settings you make in this dialog are saved with the
project.

= When you create a new project, the default settings will
be used. To save the current settings as default settings,

click the “Save as Default” button. To return to the default
settings, click the “Load Default” button.
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Background

Audio processing in Cubase can be called “non-destruc-
tive”, in the sense that you can always undo changes or
revert to the original versions. This is possible because
processing affects audio clips rather than the actual audio
files, and because audio clips can refer to more than one
audio file. This is how it works:

1. If you process an event or a selection range, a new au-
dio file is created in the Edits folder, within your project
folder.

This new file contains the processed audio, while the original file is unaf-
fected.

2. The processed section of the audio clip (the section
corresponding to the event or selection range) then refers
to the new, processed audio file.

The other sections of the clip will still refer to the original file.

de This event plays a section of this clip...

=

| T oy o
T i ]
...which refers to this audio file.
P(‘ MediaBay g@
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7 Name
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After processing the event, the clip will refer both to the original file
and a new file, containing the processed section only.

= Since all edits are available as separate files, it is possi-
ble to undo any processing, at any point and in any order!
This is done in the Offline Process History dialog, see “The Offline Pro-
cess History dialog” on page 214.

= Furthermore, the original, unprocessed audio file can still
be used by other clips in the project, by other projects or by
other applications.

Audio processing

Basically, you apply processing by making a selection and
selecting a function from the Process submenu on the Au-
dio menu. Processing is applied according to the follow-
ing rules:

= When events are selected in the Project window or the
Audio Part Editor, the processing will be applied to these
events only.

Processing will only affect the clip sections that are referenced by the
events.

* When an audio clip is selected in the Pool, the process-
ing will be applied to the whole clip.

* When you have made a selection range, the processing
will be applied to this range only.
Other sections of the clip are not affected.

If you attempt to process an event that is a shared copy
(i.e. the event refers to a clip that is used by other events in
the project), you are asked whether you want to create a
new version of the clip or not.

(‘ Cubase 5

P | The project contains events that use the same audio material as the selected!
\‘\/ Click "Mew version' if pracessing should apply
only ta selected events!

B Do ot ack again

[ Continue H New Yersion ][ Cancel ]

Select “New Version” if you want the processing to affect the selected
event only. Select “Continue” if you want the processing to affect all
shared copies.

= If you activate “Do not show this message again”, any
further processing you do will conform to the selected
method (“Continue” or “New Version”).

You can change this setting at any time by using the “On Processing
Shared Clips” pop-up in the Preferences (Editing—Audio page). Also,
“Create New Version” will now be displayed as an option in the dialog for
the processing function.

Audio processing and functions



Common settings and features

If there are any settings for the selected Audio processing
function, these will appear when you select the function
from the Process submenu. While most settings are spe-
cific for the function, some features and settings work in
the same way for several functions:

The “More...” button

If the dialog has a lot of settings, some options may be
hidden when the dialog appears. To reveal these, click the
“More..." button.

H [ Help ] [ tdore... I\e'] [ Freview ] [ Process ] [ Cancel ] H
L

To hide the settings, click the button again (now labeled
“Less...").

The Preview, Process and Cancel buttons

These buttons have the following functionality:

Button Description

Preview Allows you to listen to the result of the processing with
the current settings. Playback will continue repeatedly
until you click the button again (the button is labeled
“Stop” during Preview playback). You can make adjust-
ments during Preview playback, but the changes are not
applied until the start of the next “lap”. Some changes
may automatically restart the Preview playback from the
beginning.

Process Performs the processing and closes the dialog.

Cancel Closes the dialog without processing.

Pre/Post-Crossfade

Some processing functions allow you to gradually mix the
effect in or out. This is done with the Pre/Post-Crossfade
parameters. If you activate Pre-Crossfade and specify a
value of e.g. 1000ms, the processing will be applied grad-
ually from the start of selection, reaching full effect 1000ms
after the start. Similarly, if you activate Post-Crossfade, the
processing will gradually be removed, starting at the speci-
fied interval before the end of the selection.

/N The sum of the Pre- and Post-Crossfade times can-
not be larger than the length of the selection.

Envelope
r(‘ Envelope - “Easy Rock Male Vocal 3 semi™ \
|ﬂ|@ Curve Kind
Presets
B
[ Preview ] I Process ] [ Cancel ]

The Envelope function allows you to apply a volume enve-
lope to the selected audio. The dialog contains the follow-
ing settings:

Curve Kind buttons

These determine whether the envelope curve should con-
sist of spline curve segments (left button), damped spline
segments (middle button) or linear segments (right button).

Envelope display

Shows the shape of the envelope curve. The resulting
waveform shape is shown in dark gray, with the current
waveform shape in light gray. You can click on the curve
to add points, and click and drag existing points to change
the shape. To remove a point from the curve, drag it out-
side the display.

Presets

If you have set up an envelope curve that you may want to
apply to other events or clips, you can store it as a preset
by clicking the Store button.

= To apply a stored preset, select it from the pop-up
menu.

* To rename the selected preset, double-click on the
name and enter a new one in the dialog that appears.

= To remove a stored preset, select it from the pop-up
menu and click Remove.

Fade In and Fade Out

For a description of these functions, see the chapter “Fa-
des, crossfades and envelopes” on page 88.
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Gain

< Gain - “Easy Rock Male Vocal 3 seri™

[ | I e

Mo Clip Detected  (100.0%)

[ Help ] [ are.. ] [ Previewm ] [ Process ] [ Cancel ]

Allows you to change the gain (level) of the selected audio.
The dialog contains the following settings:

Gain

This is where you set the desired gain, between -50 and
+20dB. The setting is also indicated below the Gain dis-
play as a percentage.

Clipping detection text

If you use the Preview function before applying the pro-
cessing, the text below the slider indicates whether the
current settings result in clipping (audio levels above
0dB). If that is the case, lower the Gain value and use the
Preview function again.

= If you want to increase the level of the audio as much as
possible without causing clipping, you should use the Nor-
malize function instead (see “Normalize” on page 208).

Pre- and Post-Crossfade

See “Pre/Post-Crossfade” on page 206.

Merge Clipboard

¢ Merge Clipboard - “Bashing Drummer®

Orig. Sources mix (%] Copy

E T E

[ Help ][ Mare... ][ Preview ][ Process I[ Cancel ]

This function mixes the audio from the clipboard into the
audio selected for processing, starting at the beginning of
the selection.

A For this function to be available, you need to have cut
or copied a range of audio in the Sample Editor first.

The dialog contains the following settings:

Sources mix

Allows you to specify a mix ratio between the original (the
audio selected for processing) and the copy (the audio on
the clipboard).

Pre- and Post-Crossfade

See “Pre/Post-Crossfade” on page 206.

Noise Gate

€+ Noise Gate - “Bashing Drummer”

5 g ; Attack Time

100 m= Min. Opening Time

FRelease Time

Linked Channels

[ Help ][ Mare... ][ Preview H Process H Cancel ]

Scans the audio for sections weaker than a specified
threshold level and replaces them with silence. The dialog
contains the following settings:

Threshold

The level below which you want audio to be silenced.
Levels below this value will close the gate.

Attack Time

The time it takes for the gate to open fully after the audio
level has exceeded the threshold level.

Min. Opening Time

This is the shortest time the gate will remain open. If you

find that the gate opens and closes too often when pro-

cessing material that varies rapidly in level, you should try
raising this value.

Release Time

The time it takes for the gate to close fully after the audio
level has dropped below the threshold level.

Audio processing and functions



Linked Channels

This is available for stereo audio only. When it is activated,
the Noise Gate is opened for both channels as soon as
one or both channels exceed the Threshold level. When
Linked Channels is deactivated, the Noise Gate works in-
dependently for the left and right channel.

Dry/Wet mix

Allows you to specify a mix ratio between “dry” and pro-
cessed sound.

Pre- and Post-Crossfade

See “Pre/Post-Crossfade” on page 206.

Normalize

"¢ Normatize - “Bashing Drummer”
(100.0%)

[ Hep  J[ Moe. || Preview | Process || Cancel |

The Normalize function allows you to specify the desired
maximum level of the audio. It then analyzes the selected
audio and finds the current maximum level. Finally it sub-
tracts the current maximum level from the specified level
and raises the gain of the audio by the resulting amount (if
the specified maximum level is lower than the current max-
imum, the gain will be lowered instead). A common use for
Normalizing is to raise the level of audio that was recorded
at too low an input level. The dialog contains the following
settings:

Maximum

The desired maximum level for the audio, between -50 and
0dB. The setting is also indicated below the Gain display
as a percentage.

Pre- and Post-Crossfade

See “Pre/Post-Crossfade” on page 206.

Phase Reverse

Reverses the phase of the selected audio, turning the
waveform “upside down”.

The dialog contains the following settings:

Phase Reverse on

When processing stereo audio, this pop-up menu allows
you to specify which channel(s) should be phase-reversed.

Pre- and Post-Crossfade

See “Pre/Post-Crossfade” on page 206.

(' Pitch Shift - "Bashing Drummer”
Transpase | Envelope |
1 4 ]
= B- <
- Fitch hift Settings  Pitch Shift Base
Tianspose: [N semitones Foot rote/Pich: [ - M =]
Il FeTone
- - Pitch Shift Mod
[ IF |
Cents =] Agoithn
| 100 BRI
I m
L
Min Amplitude W | | B Eomant Mode
W Mulishit Chard: undefined Sy
| Preview || Process || Cancel |

This function allows you to change the pitch of the audio
with or without affecting its length. You can also create
“harmonies” by specifying several pitches or apply pitch
shift based on a user specified envelope curve.

When the Transpose tab is selected, the dialog contains
the following parameters:

Keyboard display

This is a graphic overview of the transposition setting. Here,
you can specify the transpose interval in semitones.

= The root note is indicated in red.

This has nothing to do with the actual key or pitch of the original audio, it
just provides a way to display transpose intervals. You can change the
root note by using the settings in the Pitch Shift Base section, or by
pressing [Alt]/[Option] and clicking in the keyboard display.
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= To specify a transpose interval, click on one of the keys.
The key is indicated in blue, and the program plays test tones in the base
pitch and transpose pitch to give you an audible confirmation.

= If “Multi Shift” is activated (see below), you can click on
several keys to create “chords”.
Clicking on a blue (activated) key removes it.

Pitch Shift settings

The “Semitones” and “Fine tune” settings allow you to
specify the amount of pitch shift. You can transpose the
audio +16 semitones, and fine tune it by £200cents
(hundredths of semitones).

Volume/Amplitude

Allows you to lower the volume of the pitch-shifted sound.

Multi Shift

When this is activated, you can add several transpose val-
ues, creating multi-part harmonies. This is done by adding
intervals in the keyboard display (see above). Note that you
cannot use the Preview function in Multi Shift mode.

= If the intervals you add make up a standard chord, this
chord is displayed to the right.

Note, however, that to include the base pitch (the original, untransposed
sound) in the processed result, you need to click the base key in the key-
board display as well, so that it is displayed in blue.

Listen Key/Chord button

Clicking this button plays a test tone pitched according to
the activated interval key on the keyboard display. If “Multi
Shift” is activated, this button is called “Listen Chord” and
plays all activated intervals as a chord.

Pitch Shift Base

This allows you to set the root note (the red key in the key-
board display). It has nothing to do with the actual pitch,
but is an aid for setting up intervals and chords.

Pitch Shift Mode

This is where you can make settings for the MPEX 4
algorithm. You can choose between 7 quality settings:

Option Description
Preview This mode should only be used for preview.
Mix Fast This mode is a very fast mode for preview. This works best

with composite music signals mono or stereo material.

Option Description

Solo Fast Use this mode for single instruments (monophonic mate-
rial) and voice.

Solo Musical ~ Same as above but higher quality.

Poly Fast Use this for processing monophonic and polyphonic ma-
terial. This is the fastest setting that gives still very good
results. You can use this for drum loops, mixes, chords.

Poly Musical Use this for processing monophonic and polyphonic ma-
terial. This is the recommended MPEX default quality set-
ting. You can use this for drum loops, mixes, chords.

Poly Complex  This high quality setting is quite processor intense and

should be used only when processing difficult material or
for stretch factors above 1.3.

Formant Mode

If you are processing vocal material, you should activate
this option in order to preserve the vocal characteristics of
the pitch-shifted audio and to avoid a a “chipmunk voice”
effect.

Time Correction

When this is activated, the pitch shift process will not af-

fect the length of the audio. When this is deactivated, rais-
ing the pitch will shorten the audio section and vice versa,
much like changing the playback speed on a tape recorder.

Using envelope based Pitch Shift

(' Pitch Shift - "Bashing Drummer” y
Transpose | Envelope |
NE

Fitch Shift Settings

Aange: KM semitones
Transpose: [ semitones
] Fine Tune
| l; | W Fomant Mode
(G5 Time Canection
[ Preview | Frocess | cancel |

When the “Envelope” tab is selected, you can specify an

envelope curve on which the pitch shift should be based.
This allows you to create pitchbend effects, pitch-shift dif-
ferent sections of the audio by different amounts, etc.
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Envelope display

Shows the shape of the envelope curve over the wave-
form image of the audio selected for processing. Envelope
curve points above the center line indicate positive pitch
shift, while curve points below the center line indicate
negative pitch shift. Initially, the envelope curve will be a
horizontal, centered line, indicating zero pitch shift.

* You can click on the curve to add points, and click and
drag existing points to change the shape. To remove a
point from the curve, drag it outside the display.

Curve Kind

These buttons determine whether the envelope curve
should consist of spline curve segments (left button),
damped spline segments (middle button) or linear seg-
ments (right button).

Traneposs | Envelope |
Spline curve segment envelope
Transpose | Envelope |

The same envelope with damped spline segments selected.

Transpose ] Envelope I
—

|~ Curve Kind

The same envelope with linear segments selected.
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Range

This parameter determines the vertical pitch range of the
envelope. If set to “4", moving a curve point to the top of
the display corresponds to pitch shifting by +4 semitones.
The maximum range is +/-16 semitones.

Transpose and Fine Tune

These parameters allow you to adjust the value of a curve
point numerically:

1. Click on a curve point to select it.
The selected point is shown in red.

2. Adjust the Transpose and Fine Tune parameters to
change the pitch of the curve point in semitones and
cents, respectively.

Pitch Shift Mode

These are the same parameters as on the Transpose tab,
see “Pitch Shift Mode” on page 209.

Example

Let's say that you wish to create a pitchbend effect, so
that the pitch is raised linearly by exactly 2 semitones in a
specific part of the selected audio.

1. Remove all curve points by clicking the Reset button.

2. Select a linear curve by clicking the Curve Kind button
to the right.

3. Make sure the Range parameter is set to 2 semitones
or higher.

4. Create a point where you want the pitchbend to start
by clicking on the envelope line.

Since this is the starting point for the pitchbend, you want its pitch to be
zero (the envelope line should still be straight). If necessary, use the Fine
Tune parameter to set the curve point to O cents, because this point gov-
erns the start point, where you want the pitch transition to begin.

5. Create a new curve point at the horizontal position
where you want the pitchbend to reach the full value.

This curve point determines the rise time of the pitchbend effect, i.e. the
further away from the starting point the new point is positioned, the
longer it will take for the pitchbend to reach the full value, and vice versa.

6. With the second point still selected, use the Trans-
pose and Fine Tune parameters to set the pitch to exactly
2 semitones.
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7. Create a new curve point to set the duration of the
pitchbend, i.e. the time the pitch should remain trans-
posed by 2 semitones.

8. Finally, create a point where you want the pitchbend to
end.

You do not have to create a new point if you are at the end of the audio
file, since there is always an end point at the right side of the waveform
display.

9. If necessary, make additional settings in the Pitch Shift
Mode section, see “Pitch Shift Mode” on page 209.

10. Click Process.
The pitchbend is applied according to the specified settings.

Remove DC Offset

This function will remove any DC offset in the audio selec-
tion. A DC offset is when there is too large a DC (direct
current) component in the signal, sometimes visible as the
signal not being visually centered around the “zero level
axis”". DC offsets do not affect what you actually hear, but
they affect zero crossing detection and certain process-
ing, and it is recommended that you remove them.

/N It is recommended that this function is applied to
complete audio clips, since the DC offset (if any) is
normally present throughout the entire recording.

There are no parameters for this function. Note that you can
check for DC Offset in an audio clip using the Statistics
function (see “Statistics (Cubase only)” on page 218).

Resample
¢ Resample - “Easy Rock Male Vocal 3 serm™
File Fiate: 44100.00
Mew Rate
m Difference
[ Help ] [ Freview ] [ Process ] [ Cancel ]

The Resample function can be used for changing the
length, tempo and pitch of an event.

The original sample rate of the event is listed in the dialog.
Resample the event to a higher or lower sample rate by ei-
ther specifying a sample rate or by specifying the differ-
ence (as a percentage value) between the original sample
rate and the desired new one.

= Resampling to a higher sample rate will make the event
longer and cause the audio to play back at a slower speed
with a lower pitch.

* Resampling to a lower sample rate will make the event
shorter and cause the audio to play back at a faster speed
with a higher pitch.

= You can audition the result of the resampling by enter-
ing the desired value and clicking “Preview”.
The event will then be played back as it will sound after the resampling.

* When you are satisfied with the preview result, click
“Process” to close the dialog and apply the processing.

Reverse

Reverses the audio selection, as when playing a tape
backwards. There are no parameters for this function.

Silence

Replaces the selection with silence. There are no parame-
ters for this function.

Stereo Flip

€ stereo Flip - "Easy Rock Male Vocal 3 semi”

Flip Left-Right

[ Help ][ fdore: ][ Preview H Process H Cancel ]

This function works with stereo audio selections only. It al-
lows you to manipulate the left and right channel in various
ways.

The dialog contains the following parameters:

Mode
€ Stereo Flip - "Easy Rock Male Vocal 3 semi”
Flip Left-Right
v Flip Left-Right
Left to Steren
[ Right to Steren Frocess ] [ Cancel
Subtract
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This pop-up menu determines what the function does:

Option
Flip Left-Right

Description
Swaps the left and right channel.
Left to Stereo  Copies the left channel sound to the right channel.

Right to Stereo  Copies the right channel sound to the left channel.

Merge Merges both channels on each side for mono sound.
Subtract Subtracts the left channel information from the right and
vice versa. This is typically used as a “Karaoke effect”,
for removing centered mono material from a stereo sig-
nal.
Time Stretch
"¢ Time Stretch - “Easy Rock Male Vocal 3 semi® ‘
Algorthm
Dafine Bars Original Langth Resuting Length Ssconds Range
pos R | | Levotinsanpies BT o
seats [JIIER Length in Seconds: Seconds 0. 3. 3. 76
Sign. Tempo in BPM BPM Uss Locators 4
Time Stretch Ratio
00—
e expant
BEETERE = -
[ Poview J[_Piocess J[ Cancel |

This function allows you to change the length and “tempo”
of the selected audio without affecting the pitch. The dia-
log contains the following parameters:

Define Bars section

In this section, you set the length of the selected audio
and the time signature:

Option Description

Bars If you use the tempo setting (see below), you can specify
the length of the selected audio here, in bars.

Beats If you use the tempo setting, you can specify the length of
the selected audio here, in beats.

Sign. If you use the tempo setting, you can specify the time sig-

nature here.

Original Length section

This section contains information and settings regarding
the audio selected for processing:

Option Description
Length in The length of the selected audio, in samples.
Samples

Option Description

Length in The length of the selected audio, in seconds.

Seconds

Tempo in BPM  If you are processing music, and know the actual tempo

of the audio, you can enter it here as beats per minute.
This makes it possible to time-stretch the audio to an-
other tempo, without having to compute the actual time
stretch amount.

Resulting Length section

These settings are used if you want to stretch the audio to
fit within a specific time span or tempo. The values will
change automatically if you adjust the Time Stretch Ratio
(see below).

Option Description

Samples The desired length in samples.

Seconds The desired length in seconds.

BPM The desired tempo (beats per minute). For this to work,

you have to know the actual tempo of the audio, and
specify this (along with time signature and length in bars)
in the Original Length section to the left.

Seconds Range section

These settings allow you to set the desired range for the
time stretch.

Option Description

Range Allows you to specify the desired length as a range be-

tween two time positions.

Use Locators  Clicking the diamond-shaped button below the Range
fields sets the Range values to the left and right Locator

positions, respectively.

Time Stretch Ratio section

The Time Stretch Ratio determines the amount of time
stretch as a percentage of the original length. If you use
the settings in the Resulting Length section to specify the
amount of time stretch, this value will change automati-
cally. The possible range depends on the “Effect” option:

= If the “Effect” checkbox is deactivated, the range is 75—
125%.

This is the preferred mode if you want to preserve the character of the
sound.

= If the “Effect” checkbox is activated, you can specify val-
ues between 10 and 1000% (Realtime), or 50 and 200%
(MPEX 4).

This mode is mainly useful for special effects, etc.
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Algorithm section

Allows you to select a time stretch algorithm: MPEX 4 and
Realtime mode.

= MPEX 4 mode

This mode is based on Prosoniq’s proprietary MPEX (Minimum Percei-
ved Loss Time Compression/Expansion) algorithm. This algorithm (which
is also used in Prosoniq’s TimeFactory™ application) uses an artificial
neural network for time series prediction in the scale space domain to
achieve high end time and pitch scaling. This gives the best possible au-
dio quality result. You can choose between 7 quality settings, see “Pitch
Shift Mode" on page 209.

* Realtime mode

This is the algorithm used for the realtime time stretching features in Cu-
base. Although this algorithm is optimized for time stretching in realtime,
you can use it for offline processing as well. The Presets pop-up con-
tains the same presets as found in the Algorithm pop-up in the Sample
Editor, see “Selecting an algorithm for realtime playback” on page 234.

Applying plug-ins (Cubase only)

You can add plug-in effects in realtime during playback
(see the chapter “Audio effects” on page 150). However,
sometimes it is useful to “permanently” apply effects to
one or several selected events. In Cubase, this is done in
the following way:

1. Make a selection in the Project window, the Pool or an
editor.

Effects are applied according to the same rules as Processing (see
“Common settings and features” on page 206).

2. Select “Plug-ins” from the Audio menu.

3. Select the desired effect from the submenu.
The Process Plug-in dialog appears.

About stereo and mono

If you are applying an effect to mono audio material, only
the left side of the effect’s stereo output will be applied.

The process plug-in dialog

€+ StudioChor us - "Easy Rock Male Vocal 3 semi”

Rato Width Spatial
101 10 75

o .9 &

n %

The process plug-in dialog for the StudioChorus effect.

[ tes. [ Preview || Pmosss |[ Cancel |

The upper section of the process plug-in dialog contains
the effect parameters of the selected plug-in. For details

on the parameters of the included plug-ins, see the sepa-
rate PDF document “Plug-in Reference”.

The lower section of the dialog contains settings for the
actual processing. These are common to all plug-ins.

= If the lower section is hidden, click the “More..." button
to display it.

Clicking the button again (now labeled “Less...") will hide the lower sec-
tion.

The following settings and functions are available in the
common, lower section of the dialog:

Wet mix/Dry mix

These two sliders allow you to specify the balance be-
tween wet (processed) and dry (original) signal in the re-
sulting clip.

Normally the two sliders are “reverse-ganged”, so that
raising the Wet mix slider lowers the Dry mix slider by the
same amount. However, if you press [Alt]/[Option] and
drag a slider, you can move it independently. This allows
you to set e.g. 80% dry and 80% wet signal. Be careful to
avoid distortion.
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Tail

This parameter is useful if you are applying an effect that
adds material after the end of original audio (such as re-
verb and delay effects). When the checkbox is activated,
you can specify a tail length using the slider. The tail time
is included when playing back with the Preview function,
allowing you to find the appropriate tail length.

Pre/Post-Crossfade

These settings allow you to gradually mix the effect in or
out. If you activate Pre-Crossfade and specify a value of
e.g. 1000ms, the effect will be applied gradually from the
start of selection, reaching full effect 1000ms after the
start. Similarly, if you activate Post-Crossfade, the pro-
cessing will gradually be removed starting at the specified
interval before the end of the selection.

/\ The sum of the Pre- and Post-Crossfade times can-
not be larger than the length of the selection.

Preview button

Allows you to listen to the result of the processing with the
current settings. Playback will continue repeatedly until you
click the button again (the button is labeled “Stop” during

Preview playback). You can change the effect settings dur-
ing Preview playback if needed.

Process button

Applies the effect and closes the dialog.

Cancel button

Closes the dialog without applying the effect.

The Offline Process History dialog

If you want to remove or modify some or all processing
from a clip, this can be done in the Offline Process History
dialog. Processing that can be modified in the Offline Pro-
cess History dialog includes the functions on the Process
menu, any applied plug-in effects (Cubase only), and Sam-
ple Editor operations such as Cut, Paste, Delete and draw-
ing with the Pencil tool.

= Due to the clip-file relationship (see “Background” on
page 205), it is even possible to modify or remove some
processing “in the middle” of the Process History, while
keeping later processing! This feature depends on the type
of processing performed (see “Restrictions” on page 215).

Proceed as follows:

1. Select the clip in the Pool or one of its events in the
Project window.

You can see which clips have been processed by checking the Status
column in the Pool - the waveform symbol indicates that processing or
effects have been applied to the clip (see “About the Status column sym-
bols” on page 262).

2. Select “Offline Process History..."” from the Audio
menu.
The Offline Process History dialog appears.

= o
€ Offline Process History for Easy Rock Male Vocal 3 semi [Z]@
# | Action | Start | Length | Status
1 Noise Gate 1.0 710335 [~]
2 Phase Reverse 10 710335
3 Flanger 1.0 710335
[~}
< >

The left part of the dialog contains a list of all processing
you have added to the clip, with the most recent opera-
tions at the bottom of the list. The “Start” and “Length”
columns indicate which section of the clip was affected by
each operation. The “Status” column indicates if the oper-
ation can be modified or undone.

3. Locate the operation you want to edit and select it by
clicking on it in the list.
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= To modify the settings of the selected processing, click
the “Modify” button.

This opens the dialog for the processing function or applied effect, allow-
ing you to change the settings. This works just as when you applied the
processing or effect the first time.

= To replace the selected operation with another pro-
cessing function or effect, select the desired function from
the pop-up menu and click the “Replace By” button.

If the selected function has settings, a dialog will appear as usual. The
original operation will then be removed and the new processing will be
inserted in the Offline Process History.

= To remove the selected operation, click the “Remove”
button.
The processing is removed from the clip.

= To undo the selected operation and remove the pro-
cessing from the clip click the “Deactivate” button.

The processing is removed from the clip, but the operation remains in the
list. To redo the operation and apply the processing again, click the but-
ton, now renamed to “Activate”, again.

4. Click “Close" to close the dialog.

Restrictions

= If there are no settings for the processing function, you
cannot modify it.

= If you have applied processing that changes the length
of the clip (such as Cut, Insert or Time Stretch), you can
only remove this if it is the most recent processing in the
Offline Process History (at the bottom of the list in the di-
alog). If an operation cannot be removed or modified, this
is indicated by an icon in the “Status” column. Also, the
corresponding buttons will be grayed out.

Freeze Edits

The Freeze Edits function on the Audio menu allows you
to make all processing and applied effects permanent for
aclip:

1. Select the clip in the Pool or one of its events in the
Project window.

2. Select “Freeze Edits...” from the Audio menu.

= If there is only one edit version of the clip (no other clips
refer to the same audio file), the following dialog will appear:

(‘ Cubase 5

£y
"-3/ Replace original or create new file?

[ Feplace H Mew File ” Cancel I

If you select “Replace”, all edits will be applied to the orig-
inal audio file (the one listed in the clip’s Path column in
the Pool). If you select “New File”, the Freeze Edits opera-
tion will create a new file in the Audio folder within the pro-
ject folder (leaving the original audio file unaffected).

= If the selected clip (or the clip played by the selected
event) has several edit versions (i.e. there are other clips
referring to the same audio file), the following alert will
appear:

(‘ Cubase 5
? | The project contains events that use the same audio maternial az the selected!
et Click "Mevw version' if processing should apply

only to selected events!

B Do ot ask again

{ Continue H Mew Version ” Cancel I

As you can see, you do not have the option to Replace the
original audio file in this case. This is because that audio
file is used by other clips. Select “New File” to have a new
file created in the Audio folder within the project folder.

/N Atter a Freeze Edits, the clip refers to a new, single
audio file. If you open the Offline Process History di-
alog for the clip, the list will be empty.
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Detect Silence

«€* Detect Silence - "Bashing Drummer”

Detection

Output

Open Thieshold mj min. fime open m Preol B 4dd 55 Regions PR 0o 74 FRegions Delected
ETXEY - Ciose Thieshold  [ESRRR i time cosed [EIEERRS Postrol Stip Sience I o e St [ Conpuz | M 8
Linked ==
Previen J[_Process [ cancel
The Detect Silence function on the Advanced submenu of  Setting Description
the AL.JdIO mehu searches for sﬂept sectlops in an event min. time Determines the minimum time that the function will re-
and either splits the event, removing the silent parts from open main “open” after the audio level has exceeded the Open
the project, or creates regions corresponding to the non- Threshold value. ,
. pro] ! 9 . P 9 If the audio contains repeated short sounds, and you find
silent sections. Proceed as follows: that this results in too many short “open” sections, try
. . . . raising this value.
1. Select the event in the Project window or the Audio
. min. time Determines the minimum time that the function will re-
Part Editor. e " :
) o ) ) closed main “closed” after the audio level has dropped below
You can select several events if you like, in which case you will be al- the Close Threshold value.
lowed to make separate settings for each selected event. Usually you would want to set this to a low value, to avoid
) removing sounds.
2. Select “Detect Silence” from the Advanced submenu e
. Pre-Roll Allows you to have the function “open” slightly before the
of the Audio menu. audio level exceeds the Open Threshold value. In other
P
The Detect Silence dialog appears. words, the start of each “open” section is moved to the
) . . ) ) left according to the time you set here.
3. Adjust the settings in the Detection section to the left. This is useful to avoid removing the attack of sounds.
They have the following functionality: Post-Roll Allows you to have the function “close” slightly after the

Setting Description

Open When the audio level exceeds this value, the function will

Threshold “open”, i.e. let the sound through.
Set this low enough to open when a sound starts, but
high enough to remove unwanted noise during “silent”
sections.

Close When the audio level drops below this value, the function

Threshold will “close”. This value cannot be higher than the Open
Threshold value.
Set this high enough to remove unwanted noise during
“silent” sections.

Linked If this checkbox is ticked, Open and Close Threshold will

be set to the same value.

audio level drops below the Close Threshold value.
This is useful to avoid removing the natural decay of
sounds.

4. Click the “Compute” button.

The audio event is analyzed, and the waveform display is redrawn to indi-
cate which sections will be considered “silent”, according to your set-
tings. Above the Compute Button the number of detected regions is
displayed.

= If you activate the “auto” checkbox next to the Compute
button, the audio event will be analyzed (and the display
will be updated) automatically every time you change the
settings in the Detection section of the dialog.

Please note that you should not activate this option when you are work-
ing with very long files, as this process might take some time.
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* You can use the Preview function to listen to the result.
The event is played back repeatedly in its entire length, but with the
“closed” sections silenced.

5. Repeat steps 3 and 4 until you are satisfied with the
result.

6. Now activate the “Add as Regions” or the “Strip Si-
lence” checkbox, or both.

“Add as Regions” will create regions according to the non-silent sec-
tions. “Strip Silence” will split the event at the start and end of each non-
silent section, and remove the silent sections in between.

7. If you activate “Add as Regions”, you can specify a
name for the Regions in the Region Name field.

In addition to the name, the regions will be numbered, starting with the
number specified in the Auto Number Start field.

8. Click “Process”.
The event is split and/or regions are added.

- - “ =
] H 1 die [
iz FmaE iz

The result of the “Strip Silence” option.

= If you selected more than one event in step 1 above, you
can activate the “process all” checkbox to apply the same
settings to all selected events. If you do not activate this,
the dialog will appear again, allowing you to make sepa-
rate settings for each event.

The Spectrum Analyzer
(Cubase only)

This function analyzes the selected audio, computes the
average “spectrum” (level distribution over the frequency
range) and displays this as a two-dimensional graph, with
frequency on the x-axis and level on the y-axis.

1. Make an audio selection (a clip, an event or a range se-
lection).

2. Select “Spectrum Analyzer” from the Audio menu.
A dialog with settings for the analysis appears.

= Spectrum Analyzer - “Bashing Drummer™

5| Size in Samples

m Size of Overlap

Narmalized Yalues

~| From Stereo

Process Cancel

iona left

The default values give good results in most situations, but
you can adjust the settings if you like:

Option Description

Size in Samples  The function divides the audio into “analysis blocks”, the
size of which is set here. The larger this value, the higher

the frequency resolution of the resulting spectrum.

Size of Overlap ~ The overlap between each analysis block.

Window used Allows you to select which window type should be used
for the FFT (Fast Fourier Transform, the mathematical
method used for computing the spectrum).

Normalized When this is activated, the resulting level values are

Values scaled, so that the highest level is displayed as “1"

(0dB).

From Stereo When analyzing stereo material, there is a pop-up menu
with the following options:

Mono mix — the stereo signal is mixed to mono before
analyzing.

Mono left/right — the left or right channel signal is used
for analysis.

Stereo — both channels are analyzed (two separate
spectrums will be displayed).

3. Click the “Process” button.
The spectrum is computed and displayed as a graph.

(' Spectrum Analyzer with Left Channel - "Bashing Drum... [Z]@

1.0

0.8

(B iy R
10k 12k 14k 1Bk 18k 20k 22k
Fregquency (Hz)

(]
(i} 2k 4 Bl Bl

| T Precision: 10 77Hz Min W ictive
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4. You can adjust the display with the settings in the dis-
play window:

Setting Description

dB When this is activated, the vertical axis shows dB values.
When it is deactivated, values between 0 and 1 are
shown.

Freq. log When this is activated, frequencies (on the horizontal
axis) are displayed on a logarithmic scale. When it is de-
activated, the frequency axis is linear.

Precision Indicates the frequency resolution of the graph. This
value cannot be changed here, but is governed by the
Size in Samples setting in the previous dialog.

Frequency/ Allows you to select whether you want the frequencies to

Note be displayed in Hertz or with note names.

Min. Sets the lowest frequency shown in the graph.

Max. Sets the highest frequency shown in the graph. By ad-
justing the Min and Max values, you can take a closer look
at a smaller frequency range.

Active When this is activated, the next Spectrum Analysis will ap-

pear in the same window. When deactivated, new Spec-
trum Analysis results will appear in separate windows.

5. If you move the mouse pointer over the graph, a cross-
hair cursor follows the graph curve and the display in the
upper right corner shows the frequency/note and level at
the current position.

To compare the level between two frequencies, move the pointer to one
of the frequencies, right-click once and move the pointer to the second
frequency. The delta value (the difference in level between the current
position and the right-click position) is displayed in the upper right cormer
(labeled “D").

= If you analyze stereo audio and selected the “Stereo” op-
tion in the first dialog, the graphs for the left and right chan-
nel are superimposed in the display, with the left channel
graph in white and the right channel graph in yellow.

The display in the upper right corner shows the values for the left channel
- to see the right channel values, hold down [Shift]. An “L" or “R" is dis-
played to indicate which channel values are shown.

6. You can leave the window open or close it by clicking
the “Close” button.

If you leave it open and the “Active” checkbox is ticked, the result of the
next Spectrum Analysis will be displayed in the same window.

Statistics (Cubase only)

(‘ Statistics - "Bashing Drummer™
Channel Left Right
Min. Sample Y alue: -1.000 -1.000

-0.00 dB -0.00 dB

Max. Sample Value: 0.794 0.897
-2.01dB -0.95 dB

Peak Amplitude: -0.00 dB -0.00 dB
DC Dffset: -1.12 % -0.20 %
-67.36dB  -83.00dB

Estimated Resolution: 16 Bit 16 Bit
Estirnated Pitch: 5550.1Hz/FT  3835.THz/B6
SampleR ate: 44,100 kHz  44.100 kHz
Min. Rk 5 Power: -r229d8  -67.32dB
tdax. RMS Power -15.88 dB -15.35dB
Awerage: -24.64 dB -24.68 dB

The Statistics function on the Audio menu analyzes the
selected audio (events, clips or range selections) and dis-
plays a window with the following information:

Item Description

Min. Sample The lowest sample value in the selection, as a value be-

Value tween -1 and 1 and in dB.

Max. Sample The highest sample value in the selection, as a value be-

Value tween -1 and 1 and in dB.

Peak The largest sample value (in absolute numbers) in the se-

Amplitude lection, in dB.

DC Offset The amount of DC Offset (see “Remove DC Offset” on
page 211) in the selection, as a percentage and in dB.

Estimated Even though an audio file is in 16 or 24 bits, it may have

Resolution been converted from a lower resolution. The Estimated
Resolution value makes an educated guess about the ac-
tual audio resolution, by computing the smallest level dif-
ference between two samples.

Estimated The estimated pitch of the audio selection.

Pitch

Sample Rate  The sample rate of the audio selection.

Min. RMS The lowest loudness (RMS) measured in the selection.

Power

Max. RMS The highest loudness (RMS) measured in the selection.

Power

Average The average loudness over the whole selection.
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Background

The Sample Editor allows you to view and manipulate audio
by cutting and pasting, removing or drawing audio data,
processing or applying effects (see “Audio processing and
functions” on page 204). This editing can be called “non-
destructive”: The actual file (if created or imported from
outside the project) will remain untouched and using the
Offline Process History you can undo modifications or re-
vert to the original settings at any time (see “The Offline
Process History dialog” on page 214).

The Sample Editor also contains most of the AudioWarp
related functions, i.e. the realtime time stretching and pitch
shifting functions in Cubase. These can be used to match
the tempo of any audio loop to the project tempo (see “Au-
dioWarp: Tempo matching audio” on page 231).

The VariAudio features allow you to edit monophonic vocal
recordings in pitch and time, as easily as editing MIDI in the
Key Editor. In these realtime pitch modifications the transi-
tions will be kept so that the sound will remain natural. The
pitch detection and correction is “non-destructive”, i.e. you
can always undo modifications or revert to the original ver-
sions. See “VariAudio (Cubase only)” on page 243.

Another special feature of the Sample Editor is hitpoint
detection. Hitpoints allow you to create “slices”, which are
useful, for example, if you want to change the tempo with-
out affecting the pitch (see “Working with hitpoints and
slices” on page 234).

Opening the Sample Editor

You open the Sample Editor by double-clicking an audio
event in the Project window or the Audio Part Editor, or by
double-clicking an audio clip in the Pool. You can have
more than one Sample Editor window open at the same
time.

= Note that double-clicking an audio part in the Project
window will open the Audio Part Editor, even if the part
only contains a single audio event.

This is described in a separate chapter, see “The Audio Part Editor” on
page 254.
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Window overview

(' Sample Editor: vegas
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If you hold [Alt]/[Option] and right-click in the Sample Ed-
itor to bring up the context menu, you will find a submenu
called “Elements”. By activating or deactivating options on
this submenu, you specify what is shown in the editor win-
dow. Some of these options are also available as icons on
the toolbar.

= Provided that the “Popup Toolbox on Right Click” op-
tion in the Preferences dialog (Editing—Tools page) is ac-
tivated, a right-click holding a modifier key brings up the
context menu.
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Bars+Beats 831722

The toolbar
The toolbar contains the following tools:
Acoustic The Sample Audition, Loop &
Feedback Editor toolls Volurre controls
|\ [ ]|
Solo Editor_ls.-r.q;ho\.g? EAr=Y ||||I > lq_;
Show Info Autoscroll Suspend Autoscroll
when editing
Show .
Inspector — =5 —Musical Mode
Show Audio event” Show Snap Snap to Zero

regions on/off Crossing

To the right of the tools the estimated length of your audio
file is displayed in bars and beats (PPQ) together with the
estimated tempo and the time signature. If you want to use
Musical mode, you should always verify if the length in bars

corresponds to the audio file you imported. If necessary,
listen to your audio and enter the correct bar length. The

Algorithm pop-up allows you to select an algorithm for the

realtime time stretching (see “Selecting an algorithm for
the flattening (Cubase only)” on page 241).

Signaturs Agorithm

4/4 Mix
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* You can customize the toolbar by right-clicking it and
using the context menu to hide or show items.

= Selecting Setup from the context menu allows you to
rearrange sections on the toolbar, store toolbar presets,
etc. See “Using the Setup options” on page 471.

The info line

If you activate the Show Info button on the toolbar, the info
line will show information about the edited audio clip:

Audio format and length Global Transpose status

44100 kHz bits 6.1.2.71 Follow

Realtime status Number of edits made to the clip
| |

Pitch & Warp Bars+Beats 0 414.5585

Selected display format Zoom factor

(for info line and ruler)

Current selection range Original pitch and deviation

1.1.3.1311.3.4.106 - 1.4.2.119 |

A2 1% A2 +3T%

Pitch and deviation
Initially, length and position values are displayed in the for-

mat specified in the Project Setup dialog. The info line can
be customized, see “The Setup dialogs” on page 471.

The Sample Editor Inspector

To the left in the Sample Editor, you will find the Sample
Editor Inspector. It contains all the tools and functions for
working in the Sample Editor.

For more information on the handling of the various Inspec-
tor tabs, see the section “The Inspector” on page 29.
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The Definition tab

Definition

The Definition tab will help you to adjust the audio grid and
define the musical context of your audio. This is useful, if
you have an audio loop or audio file that you want to match
to the project tempo, see “AudioWarp: Tempo matching
audio” on page 231.

The AudioWarp tab

Disable Warp Changes

The AudioWarp tab lets you perform timing settings for
your audio. This includes setting a quantize resolution for
the audio, applying swing and manually changing the
rhythm of the audio by dragging beats to time positions in
the grid (see “Free Warp” on page 238).

YANN you activate the Disable Warp Changes button
(see above), any warp modifications you have made
will be disabled, allowing you to compare the modi-
fied with the original sound of your audio. However,
the display will not change. The timestretch imple-
mented by the Musical mode will not be disabled by
this. Disable Warp Changes is deactivated when you
close the Sample Editor and will not be recalled on
reopening it.
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The VariAudio tab (Cubase only)

Disable Pitch Changes

On this tab you can edit single notes of your audio file
and change their pitch and/or timing, in a way that is sim-
ilar to the editing of MIDI notes (see “Understanding the
waveform display in VariAudio” on page 243). Further-
more, you can extract MIDI from your audio (see “Func-
tions — Extract MIDI..."” on page 252).

VAN you activate the Disable Pitch Changes button (see
above), any pitch modifications you have made will
be disabled, allowing you to compare the modified
with the original sound of your audio. However, the
display will not change. Disable Pitch Changes is
deactivated when you close the Sample Editor and
will not be recalled on reopening it.

The Hitpoints tab

it Hitpoints

On this tab, the transients or hitpoints of the audio can be
marked and edited (see “Working with hitpoints and sli-
ces” on page 234). Hitpoints allow you to slice your audio,
and to create groove quantize maps from your audio. You
can also create markers, regions and events using hit-
points.
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The Range tab

On this tab you will find functions for working with ranges
and selections (see “Making selections” on page 227).

The Process tab

Flatten

This tab regroups the most important audio editing com-
mands from the Audio and Edit menus. For further infor-
mation on the Select Process and Select Plug-in pop-up
menus, see the chapter “Audio processing and functions”
on page 204.

The thumbnail display

Event End
|

Event Start Selection range

N et b o

Snap Point Blue rectangle

The thumbnail display provides an overview of the whole
clip. The section currently shown in the main waveform
display of the Sample Editor is indicated by a blue rectan-
gle in the thumbnail, while the current selection range is
shown in light blue. If the “Show Audio Event” button is
activated in the toolbar, event start/end and snap point will
also be shown in the thumbnail display.

* You can move the blue rectangle in the thumbnail to
view other sections of the clip.

Click in the lower half of the rectangle and drag to the left or right to
move it.

= You can resize the blue rectangle (by dragging its left or
right edge) to zoom in or out, horizontally.

= You can define a new viewing area by clicking in the up-
per half of the overview and dragging a rectangle.
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The ruler

The Sample Editor ruler is located between the thumbnail
and the waveform displays. The ruler is explained in detail
in the section “The ruler” on page 33.

The waveform display and the level scale

Event Start

The waveform display shows the waveform image of the
edited audio clip according to the wave image style set in
the Preferences (Event Display—Audio page), see “Ad-
justing how parts and events are shown” on page 37. To
the left of the waveform display a level scale can be
shown, indicating the amplitude of the audio.

* When the level scale is shown, you can select whether
the level should be shown as a percentage or in dB.

This is done by right-clicking the level scale and selecting an option from
the context menu. This also allows you to hide the level scale.

| [V |

L4

dB
Hidz l

= To display the level scale after hiding it, right-click to
bring up the context menu and activate Level Scale on the
Elements submenu.
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= This submenu also allows you to select whether you
want the zero axis and/or the half level axis indicated in the
waveform display.

Half

Zero axis Ie\{el

General Operations

Zooming

Zooming in the Sample Editor is done according to the
standard zoom procedures, with the following special
notes:

= The vertical zoom slider changes the vertical scale rela-
tive to the height of the editor window, in a way similar to
the waveform zooming in the Project window (see “Zoom
and view options” on page 35).

The vertical zoom will also be affected if the Preference “Zoom Tool
Standard Mode" (Editing-Tools page) is deactivated and you drag a
rectangle with the Zoom tool.

= The following options relevant to the Sample Editor are
available on the Zoom submenu (on the Edit menu and the
context menu):

Option Description

Zoom In Zooms in one step, centering on the position cursor.
Zoom Out Zooms out one step, centering on the position cursor.
Zoom Full Zooms out so that the whole clip is visible in the editor.
Zoom to Zooms in so that the current selection fills the editor
Selection display.

Zoom to Zoomes in horizontally so that the current selection fills

Selection (Horiz.) the editor display.
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Option Description

Zooms in so that the editor shows the section of the
clip corresponding to the edited audio event. This is
not available if you opened the Sample Editor from the
Pool (in which case the whole clip is opened for edit-
ing, not an event).

Zoom to Event

Zoom In/Out
Vertical

This is the same as using the vertical zoom slider (see
above).

= On the VariAudio tab (see “VariAudio (Cubase only)” on
page 243) you can also zoom by holding down [Alt]/[Op-
tion] while drawing a selection rectangle around the seg-
ments that you want to be zoomed on. You can zoom out
by holding down [Alt]/[Option] and clicking in an empty
area of the waveform.

= You can also zoom by resizing the rectangle in the
thumbnail display.
See “The thumbnail display” on page 223.

= The current zoom setting is shown in the info line, as a
“samples per screen pixel” value.

* Note that you can zoom in horizontally to a scale of less
than one sample per pixel!

This is required for drawing with the Pencil tool (see “Drawing in the
Sample Editor” on page 230).

= If you have zoomed in to one sample per pixel or less,
the appearance of the samples depends on the option
“Interpolate Audio Images” in the Preferences (Event Dis-
play—Audio page).

If the option is deactivated, single sample values are drawn as “steps”. If
the option is activated, they are interpolated to a “curve” form.

Auditioning
While you can use the regular play commands to play

back audio when the Sample Editor is open, it is often
useful to listen to the edited material only.

= Cubase only: When auditioning, audio will be routed
to the Control Room (if the Control Room is activated) or
to the Main Mix (the default output bus). In Cubase Studio,
the Main Mix bus is always used for all auditioning. For in-
formation about routing, see the chapter “VST Connec-
tions: Setting up input and output busses” on page 13.

= You can adjust the auditioning level with the miniature
level fader on the toolbar.
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Using key commands

If you activate the “Playback Toggle triggers Local Preview”
option in the Preferences (Transport page), you can start/
stop auditioning by pressing [Space]. This is the same as
clicking the Audition icon on the toolbar.

Using the Audition icon

Clicking the Audition icon on the toolbar plays back the
edited audio, according to the following rules:

If you have made a selection, this selection will be played back.
If there is no selection, but the option “Show Event” is acti-
vated (see “Show audio event” on page 230), the section of
the clip corresponding to the event will be played back.

If there is no selection, and “Show Event” is deactivated, play-
back will start at the cursor position (if the cursor is outside
the display, the whole clip will be played back).

If the Audition Loop icon is activated, playback will continue
repeatedly until you deactivate the Audition Loop icon. Other-
wise, the section will be played back once.

= Note that there is a separate Play button for audition-
ing regions. See “Auditioning regions” on page 229.

Using the Speaker tool

If you click somewhere in the waveform display with the
Speaker (“Play”) tool and keep the mouse button pressed,
the clip will be played back from the position at which you
clicked. Playback will continue until you release the mouse
button.

Using Acoustic Feedback

See “Listening to your modifications” on page 252.
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Scrubbing

The Scrub tool allows you to locate positions in the audio
by playing back, forwards or backwards, at any speed:

1. Select the Scrub tool.

2. Click in the waveform display and keep the mouse
button pressed.
The project cursor is moved to the position at which you click.

3. Drag to the left or right.

The project cursor follows the mouse pointer and the audio is played
back. The speed and pitch of the playback depends on how fast you
move the pointer.

= You can adjust the response of the Scrub tool with the
Scrub Response (Speed) setting in the Preferences
(Transport—Scrub page).

You will also find a separate Scrub Volume setting on this page.

Adjusting the snap point

The snap point is a marker within an audio event (or clip,
see below). This is used as a reference position when you
are moving events with snap activated, so that the snap
point is “magnetic” to whatever snap positions you have
selected.

By default, the snap point is set at the beginning of the au-
dio event, but often it is useful to move the snap point to a
“relevant” position in the event, such as a downbeat, etc.

1. Activate the “Show Audio Event” option on the toolbar,
so that the event is displayed in the editor.

2. Scroll so that the event is visible, and locate the “S”
flag in the event.

If you haven't adjusted this previously, it will be located at the beginning
of the event.

3. Click on the “S” flag and drag it to the desired position.
When you drag the snap point, a tooltip shows its current position (in the
format selected on the Sample Editor ruler).

= Cubase only: If the Scrub tool is selected when you
move the snap point, you will hear the audio while drag-
ging (just like when scrubbing).

This makes it easier to find the correct position.

You can also adjust the snap point by setting the project
cursor:

1. Place the cursor at the desired position (intersecting
the event).
You may want to do this by scrubbing, to spot the right position exactly.

2. Holding [Alt]/[Option], right-click to open the context
menu and select “Snap Point To Cursor” from the Audio
submenu.

Provided that the “Popup Toolbox on Right Click” option in the Preferen-
ces dialog (Editing—Tools page) is activated, a right-click holding a mod-
ifier key brings up the context menu.

The snap point will be set to the position of the cursor.
This method can also be used in the Project window and
the Audio Part Editor.

/N When you set the grid start in the Definition tab, the
snap point will be moved to the grid start (see “Ma-
nually adjusting grid and tempo” on page 232).
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= It is also possible to define a snap point for a clip (for
which there is no event yet).

To open a clip in the Sample Editor, double-click it in the Pool. After hav-
ing set the snap point using the procedure described above, you can in-
sert the clip into the project from the Pool or the Sample Editor, taking
the snap point position into account.

/N Events and clips can have different snap points. If
you open a clip from the pool you can edit the clip
snap point. If you open a clip from within the project
window, you can edit the event snap point. The clip
snap serves as a template for the event snap point
and does not affect snapping.

Making selections

To select an audio section in the Sample Editor, you click
and drag with the Range Selection tool.

A selected range

= If Snap to Zero Crossing is activated on the toolbar, the
start and end of the selection will always be at zero cross-
ings (see “Snap” on page 230).

= You can resize the selection by dragging its left and
right edge or by [Shift]-clicking.

= The current selection is indicated in the corresponding
fields in the Range tab of the Sample Editor Inspector.
You can fine-tune the selection by changing these values numerically.
Note that the values are relative to the start of the clip, rather than to the
project timeline.

Using the Select menu

In the Select menu in the Range tab and in the Select sub-
menu of the Edit menu you can find the following options:

Function
Select All

Description
Selects the whole clip.

Select None Selects no audio (the selection length is set to “0").

Function Description

Selectin Loop  Selects all audio between the left and right locator.

Selects the audio that is included in the edited event
only. This is not available if you opened the Sample Edi-
tor from the Pool (in which case the whole clip is
opened for editing, not an event).

Select Event

Locators to Sets the locators to encompass the current selection.

Selection This is available if you have selected one or several
(Range tab events or made a selection range.
only)

Locate Selection
(Range tab only)

Moves the project cursor to the beginning or end of the
current selection. For this to be available, you must have
selected one or more events or parts, or made a selec-
tion range.

Loop Selection  This activates playback from the start of the current se-

(Range tab only) lection and keeps starting over again when reaching the
selection end.

From Start Selects all audio between the clip start and the project

to Cursor (Edit  cursor.

menu only)

From Cursor Selects all audio between the project cursor and the

to End (Edit end of the clip. For this to work, the project cursor must
menu only) be within the clip boundaries.
Edit Pitch This function requires that one or several notes are al-

ready selected. The Edit Pitch options select all notes of
this part that have the same pitch as the currently se-
lected note/s (in any octave or in the current octave).

Left Selection
Side to Cursor
(Edit menu only)

Moves the left side of the current selection range to the
project cursor position. For this to work, the cursor must
be within the clip boundaries.

Right Selection
Side to Cursor
(Edit menu only)

Moves the right side of the current selection range to
the project cursor position (or the end of the clip, if the
cursor is to the right of the clip).

Editing selection ranges

Selections in the Sample Editor can be processed in sev-
eral ways. Please note the following:

= If you attempt to edit an event that is a shared copy (i.e.
the event refers to a clip that is used by other events in the
project), you are asked whether you want to create a new
version of the clip.

Select “New Version” if you want the editing to affect the selected event
only. Select “Continue” if you want the editing to affect all shared copies.
Note: If you activate the option “Do not show this message again” in the
dialog, any further editing you do will conform to the selected method
(“Continue” or “New Version"). You can change this setting at any time
with the “On Processing Shared Clips" pop-up menu in the Preferences
(Editing—Audio page).

= Any changes to the clip will appear in the Offline Process
History, making it possible to undo them at a later point (see
“The Offline Process History dialog” on page 214).
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Cut, Copy and Paste

The Cut, Copy and Paste commands (on the Edit menu in
the Process tab of the Sample Editor Inspector or in the
main Edit menu) work according to the following rules:

= Selecting Copy copies the selection to the clipboard.

= Selecting Cut removes the selection from the clip and
moves it to the clipboard.
The section to the right of the selection is moved to the left to fill the gap.

= Selecting Paste copies the data on the clipboard into
the clip.

If there is a selection in the editor, this will be replaced by the pasted
data. If there is no selection, the pasted data will be inserted starting at
the selection line. The section to the right of the line will be moved to
make room for the pasted material.

‘HW\W
The pasted data will be inserted at the selection line.

Delete

Selecting Delete (on the Edit menu in the Process tab of
the Sample Editor Inspector or in the main Edit menu or by
pressing [Backspace]) removes the selection from the
clip. The section to the right of the selection is moved to
the left to fill out the gap.

Insert Silence

Selecting “Insert Silence” (on the Edit menu in the Process
tab of the Sample Editor Inspector or in the Range sub-
menu of the main Edit menu) will insert a silent section with
the same length as the current selection, at the selection
start.

= The selection will not be replaced, but moved to the
right to make room.

If you want to replace the selection, use the “Silence” function instead
(see “Silence” on page 211).
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Processing

The Processing features (on the Select Process menu in
the Process tab of the Sample Editor Inspector or in the
Process submenu on the Audio menu) can be applied to
selections in the Sample Editor, as can the effects (on the
Select Plug-in menu in the Process tab of the Sample Ed-
itor Inspector or in the Plug-ins submenu on the Audio
menu). See the chapter “Audio processing and functions”
on page 204.

Creating a new event from the selection using drag&drop

You can create a new event that plays only the selected
range, using the following method:

1. Make a selection range.

2. Press [Ctrl]/[Command] and drag the selection range
to the desired audio track in the Project window.

Creating a new clip or audio file from the selection

You can extract a selection from an event and either cre-
ate a new clip or a new audio file, in the following way:

1. Make a selection range.

2. Holding [Alt]}/[Option], right-click to open the context
menu and select “Bounce Selection” from the Audio sub-
menu.

Provided that the “Popup Toolbox on Right Click” option in the Preferen-
ces dialog (Editing—Tools page) is activated, a right-click holding a mod-
ifier key brings up the context menu.

A new clip is created and added to the Pool, and another
Sample Editor window will open with the new clip. The
new clip will refer to the same audio file as the original clip,
but will only contain the audio corresponding to the selec-
tion range.

Working with regions

Regions are sections within a clip. One of the main uses for
regions is Cycle recording, in which the different “takes”
are stored as regions (see “Recording audio in cycle mode”
on page 75). You can also use this feature for marking im-
portant sections in the audio clip. Regions can be dragged
into the Project window from the Sample Editor or the Pool
to create new audio events. From the Pool, you can also ex-
port a region to disk as a new audio file.

Regions are best created, edited and managed in the
Sample Editor.
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Creating a region

1. Select the range that you want to convert into a region.

2. Click the “Show Regions” button on the toolbar, or ac-
tivate the “Regions” option on the Elements submenu of
the context menu.

The regions list is displayed to the right in the Sample Editor window.

ARSI

Drescription Stait

Region 1

3. Click the Add Region button above the Regions list (or
select “Event or Range as Region” from the Advanced
submenu of the Audio menu).

A region is created, corresponding to the selected range.

4. To name the region, double-click on it in the list and
enter a new name.
Regions can be renamed at any time, using this procedure.

= When aregion is selected in the Regions list, it is in-
stantly displayed and selected in the Sample Editor.

Creating regions from Hitpoints

If your audio event contains calculated hitpoints, you can
choose to automatically create regions from hitpoints. This
can be useful to isolate recorded sounds. For further infor-
mation on hitpoints, see “Working with hitpoints and sli-
ces” on page 234.

Editing regions

The region selected in the list is displayed in gray in the
waveform display and thumbnail.

EISIEIS

Description
Fiegion 1

Start End
1.01.02100 1.04.03.046

Shap Paint

4 2
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There are two ways to edit the start and end position of a
region:

= Click and drag its start and end handles in the waveform
display (with any tool).

When you move the pointer over the handles, it will automatically change
to an arrow pointer to indicate that you can drag the handles.

= Edit the Start and End positions numerically in the Re-
gions list.

The positions are shown in the display format selected for the ruler and
info line, but are relative to the start of the audio clip, rather than the pro-
ject timeline.

Auditioning regions

You can listen to a region by selecting it in the list and
clicking the Play Region button (above the list). The region
will play back once or repeatedly, depending on whether
the Loop icon on the toolbar is activated or not.

Making selections from regions

If you select a region in the list and click the Select Region
button above, the corresponding section of the audio clip
is selected (as if you had selected it with the Range Se-
lection tool). This is useful if you want to apply processing
to the region only.

= Note that you can also double-click a region in the Pool
to have its audio clip opened in the Sample Editor with the
area of the region automatically selected.

Creating new events from regions

You can create new audio events from regions, using
dragé&drop:

1. Click in the region’s leftmost column in the list and
keep the mouse button pressed.

2. Drag the region to the desired position in the project
and release the mouse button.
A new event is created.

= You can also use the function “Events from Regions”
from the Advanced submenu of the Audio menu for this
(see “Region operations” on page 53).
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Removing regions

To remove a region from a clip, select it in the list and click
the Remove Region button above the list.

Exporting regions as audio files

If you create a region in the Sample Editor, the region can
be exported to disk as a new audio file. This is done from
the Pool, see “Exporting regions as audio files” on page
269.

Drawing in the Sample Editor

It is possible to edit the audio clip at sample level by draw-
ing with the Pencil tool. This can be useful if you need to
manually edit out a spike or click, etc.

1. Zoom in to a zoom value lower than 1.
This means that there is more than one screen pixel per sample.

2. Select the Pencil tool.

3. Click and draw at the desired position in the waveform
display.
When you release the mouse button, the edited section is automatically
selected.

/N Any modifications created by drawing will appear in
the Offline Process History, making it possible to
undo them at a later stage (see “The Offline Process
History dialog” on page 214).

Options and settings

Show audio event

/N Thisis only available if you opened the Sample Editor
by double-clicking an audio event in the Project win-
dow or the Audio Part Editor and not, if you opened
the audio event from within the Pool.

When the Show Audio Event button is activated on the
toolbar (or the option “Audio Event” is activated on the Ele-
ments submenu of the context menu), the section corre-
sponding to the edited event is highlighted in the waveform
display and Thumbnail. The sections of the audio clip not
belonging to the event are shown with a dark gray back-
ground.

230

* In this mode, you can adjust the start and end of the
event in the clip by dragging the event handles in the
waveform display.

When you move the pointer over the event handles (no matter what tool
may be selected), it takes on the shape of an arrow, to indicate that you
can click and drag.

Snap

Snap activated.

The Snap function helps you to find exact positions when
editing in the Sample Editor. It does this by restricting hor-
izontal movement and positioning to certain grid positions.
You turn Snap on or off by clicking the Snap button in the
Sample Editor toolbar. This setting affects:

* Range operations
= VariAudio modifications
* AudioWarp modifications

This setting affects only the Sample Editor, and is inde-
pendent of the Snap setting in the Project window toolbar
or other editors.

Snap to Zero Crossing

Snap to Zero Crossing activated.
This setting is linked to the Snap to Zero Crossing setting

in the Project window, see the section “Snap to Zero
Crossing” on page 57.

= If hitpoints have been calculated, these will also be
taken into account when snapping to zero crossings.
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Autoscroll

Autoscroll and Suspend Autoscroll when Editing activated.

When this option is activated in the Sample Editor toolbar,
the waveform display will scroll during playback, keeping
the project cursor visible in the editor.

This setting is independent of the Autoscroll setting in the
Project window toolbar or other editors. You can find
more information on this function in the section
“Autoscroll” on page 57.

AudioWarp: Tempo matching audio

AudioWarp is the generic name for the realtime time
stretching and pitch shifting functions in Cubase. The
main AudioWarp features are tempo-matching audio
loops to the project tempo and matching up an audio clip
with fluctuating tempo to a fixed tempo.

If you want to tempo-match an audio loop to the project
tempo, you will normally work with loops with straight
beats. In this case you will only need to activate the Musi-
cal mode on the toolbar.

The Musical mode is one of the key AudioWarp features. It
allows you to lock audio clips to the project tempo by us-
ing realtime time stretching. This is very useful if you want
to use loops in your project and do not want to worry too
much about timing.

When Musical mode is activated, audio events will adapt
to any tempo changes in Cubase, just like MIDI events.
However, using this function should not be confused with
quantizing: the timing, i.e. the rhythmic feeling will be
maintained.

¥ Diefinition
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You can activate Musical mode in the AudioWarp tab, in the Definition
tab and in the toolbar.
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It is also possible to activate/deactivate Musical mode
from within the Pool by clicking the corresponding check-
box in the Musical mode column.

When you have correctly set a tempo or length for an au-
dio clip, this information is saved with the project. This al-
lows you to import files into the project with Musical mode
already activated. The tempo (if set) is also saved when
exporting files.

/N Cubase supports ACID® loops. These loops are
standard audio files but with embedded tempo/length
information. When ACID® files are imported into Cu-
base, Musical mode is automatically activated and the
loops will adapt to the tempo set in the project.

Proceed as follows to tempo match an audio loop to the
project tempo:

1. Import your loop into the project and double-click it to
open it in the Sample Editor.

€ Sample Edito

0_Drumbeat_01a

2. Activate the Musical mode in the toolbar.
Your loop will automatically be adapted to the project tempo.

>

[ 'm | s Audio 01
moro @

As you can see, it is very easy to adapt audio loops to the
project tempo. If you want to use an audio file with un-
known tempo instead, or if the beat of your loop is not
straight, further adjustments could be necessary. These
are described in the following section.
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Manually adjusting grid and tempo

If you want to manually adjust the grid and tempo of your
audio file, because you have a very special loop and the
automatic functions did not lead to satisfying results, pro-
ceed as follows:

1. Open the Definition tab in the Sample Editor Inspector
and activate the Manual Adjust tool.

2. Select a suitable resolution value from the Grid pop-
up menu.

With the Manual Adjust tool you can manipulate the time
grid for the audio file. If you select the Manual Adjust tool
and move the mouse in the Sample Editor, the pointer
turns to a flag. Depending on the position, the tool can
have the following functions:

Function Description
Set Grid Start  This tool is shown at the clip start. When it is displayed,
(green) you can click and drag it with the mouse to the first down-

beat in order to set the grid start at this position.

Stretch Bars  This tool is shown at beat positions when you hold down

(red) [Ctrl]/[Command]. When it is displayed, you can click and
drag it with the mouse to beat positions in order to set the
start of the next bar. All grid positions will be stretched.

Stretch This tool is shown at bar positions. When it is displayed,

Previous - you can click and drag it with the mouse to bar positions

Move Next in order to set the start of the next bar. The tempo of the

(pink) last bar will be changed, i.e. the beat/grid positions of the
last bar will be stretched, while all following grid positions
will be moved.

Adjust Beat This tool is shown at beat positions. When it is displayed,

Position - you can click and drag it with the mouse to adjust single

Single (blue)  beat positions. The previous and next beat will be locked.

Edited or locked beats are displayed in red.

/N Youcan change the modifiers for this in the “Define
Audio Grid" category in the Preferences dialog (Edit-
ing—Tool Modifiers page).

3. Move the mouse pointer to the beginning of the audio
file until the pointer changes to a green flag (Set Grid Start).

OE" I=E & o &

Follow Hone

4. Click and drag the green flag to the right until it
matches the first downbeat in the sample and release the

mouse button.
Now the ruler grid is offset so that it starts on the first downbeat in the
sample.

Tem
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5. Make sure that the length in bars shown in the toolbar
corresponds to your settings.

6. Audition the file to determine where the next downbeat
occurs, i.e. the first beat of the second bar in the sample.

7. Place the mouse pointer at the start of the second bar
in the waveform display.
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8. Hold down [Cirl]]/[Command], click and drag the red
flag (Stretch Bars) to the left or right until the second bar
in the ruler is aligned with the position of the second
downbeat of the sample, and release the mouse button.
The start of the next bar is set, and all grid positions will be stretched.

€ Sample Editor: Funk Groove

9. Check the other beats and use the pink flag (Stretch
Previous - Move Next) if necessary.
This flag is shown at bar positions. When you drag it with the mouse, the

start of the next bar is set, and the tempo of the last bar will be changed.

€ Sample Editor: Funk Groove
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10. Now have a look at the single beats in between the
bars, and, if necessary, use the blue flag (Adjust Beat Posi-
tion - Single) to adjust them.

Drag the flag until the single beat position is aligned with the waveform,
and release the mouse button.

11. Activate Musical Mode and start playback.

If you find that the beat sounds too straight, you can select
a resolution for the audio by adjusting the Quantize value
on the AudioWarp tab. When you select the “Bar” option,
the audio will be synced to tempo without quantizing. The
Swing fader lets you offset every second position in the
grid creating a swing or shuffle feel.

= Note that the Quantize pop-up will be only be available
if the Musical Mode is activated on the toolbar.

The loop will automatically adjust to the project tempo,
and follow any further tempo changes you make! In the
Project window, the audio event will have a note symbol
and a double arrow in the lower right corner. The note
symbol indicates Musical mode and the arrow indicates
that the file is stretched.

[ 'm | 5| Audic 05
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Selecting an algorithm for realtime playback

In the Algorithm pop-up in the toolbar you can select the
algorithm to be applied on realtime playback.

Dz
Plucked
Pads
WVocaly
iz
Advanced
Solo

In this pop-up you can find various options that govern the
audio quality of the realtime time stretching. There are pre-
sets for common types of audio material and an Advanced
option which allows you to manually set warp parameters:

Option Description

Drums This mode is best for percussive sounds, because it will not
change the timing of your audio. Using this option for pitched
audio will lead to noticeable artifacts. In this case, you can try

the Mix mode.

Plucked This should be used for audio with transients and a relatively

stable spectral sound character (e.g. plucked instruments).

Pads Use this mode for pitched audio with slower rhythm and a
stable spectral sound character. This will minimize sound arti-

facts, but the rhythmic accuracy will not be preserved.

Vocals This mode was optimized for slower signals with transients

and a prominent tonal character (e.g. vocals).
Mix This mode will preserve the rhythm and minimize the artifacts
for pitched material which does not meet the above criteria
(i.e. with a less homogenous sound character).
This will be selected by default for audio that is not catego-
rized.

Advanced This allows for a manual tweaking of the time stretching pa-
rameters. By default, the settings that are shown when you
open the dialog are those of the last used preset (except if
the Solo mode was selected, see below). The Advanced set-

tings are described in more detail below this table.

Solo This mode will preserve the formants of the audio. It should
only be used for monophonic material (solo woodwind/brass
instruments or solo vocals, monophonic synths or string in-

struments that do not play harmonies).
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If you select the Advanced menu item, a dialog opens
where you can manually adjust the three parameters that
govern the sound quality of the time stretching:

Parameter Description

Grain size The realtime time stretching algorithm splits the audio into
small pieces called “grains”. This parameter determines the
size of the grains. For material with many transients you

should use low Grain size values for best results.

Overlap is the percentage of the whole grain that will over-
lap with other grains. Use higher values for material with a
stable sound character.

Overlap

Variance Variance is also a percentage of the whole length of the
grains and sets a variation in positioning so that the overlap-
ping area will sound smooth. A Variance setting of O will
produce a sound akin to time stretching used in early sam-
plers, whereas higher settings will produce more (rhythmic)
“smearing” effects but less audio artifacts.

Working with hitpoints and slices

Hitpoint detection is a special feature of the Sample Edi-
tor. It detects attack transients in an audio file and then
adds a type of marker, i.e. a “hitpoint”, at each transient.
These hitpoints allow you to create “slices”, where each
slice ideally represents each individual sound or “beat” in
a loop (drum or other rhythmic loops work best with this
feature). When you have successfully sliced the audio file,
you can do a number of useful things with it:

Change the tempo without affecting the pitch.

Extract the timing (a groove map) from a drum loop. This can
then be applied to quantize other events.

Replace individual sounds in a drum loop.

Edit the actual playing in the drum loop without affecting the
basic feel.

Extract sounds from loops.

You can further edit these slices in the Audio Part Editor.
For example you can:

Remove or mute slices.

Change the loop by reordering, replacing or quantizing slices.
Apply processing or effects to individual slices.

Create new files from individual slices using the “Bounce Se-
lection” function on the Audio menu.

Realtime transpose and stretch slices.

Edit slice envelopes.
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= The term “loop” is used throughout this section. Loop
in this context usually means an audio file with a musical
time base, i.e. the length of the loop represents a certain
number of bars and/or beats at a certain tempo. Playing
the loop back at the right tempo in a cycle set to the cor-
rect length will produce a continuous loop without gaps.

/N When a selection range is defined, hitpoints will only
be detected within this range.

VAN Hitpoints will only be displayed in the waveform if the
Hitpoints tab is open.

Using hitpoints

The main functionality of using hitpoints to slice up a loop is
to make a loop fit the tempo of a song, or alternatively to
create a situation that allows the song tempo to be changed
while retaining the timing of a rhythmic audio loop, just like
when using MIDlI files.

Which audio files can be used?

Here are some guidelines as to what type of audio files are
suited for slicing using hitpoints:

= Each individual sound in the loop should have notice-
able attack.
Slow attacks, legato playing, etc. may not produce the desired result.

= Poorly recorded audio might be difficult to slice correctly.
In these cases, try to normalize the files or to remove DC Offset.

= There may be problems with sounds drowned in smear-
ing effects, like short delays.

Calculating hitpoints and slicing a loop

Before proceeding, find a suitable loop using the criteria
above. Proceed as follows:

1. Open the event or clip for editing in the Sample Editor.
You can do this by double-clicking an event on an audio track in the Pro-
ject window or a clip in the Pool. In this example, we assume you work
with an event on a track.
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2. Open the Hitpoints tab in the Sample Editor Inspector
and select an option from the Use pop-up.

The Use pop-up menu on the Hitpoints tab affects which hitpoints are
shown and is a useful tool for removing unwanted hitpoints.

It contains the following options:

Option Description

All All hitpoints are shown (taking the Sensitivity slider into ac-
count).

1/4,1/8, Only hitpoints that are close to the selected note value posi-

1/16,1/32  tions within the loop are shown (e.g. close to exact sixteenth
note positions). Again, the Sensitivity slider is taken into ac-
count.

Metric Bias  This is like the “All"” mode, but all hitpoints that are close to

even meter divisions (1/4, 1/8, 1/16, etc.) get a “sensitivity
boost” — they are visible at lower sensitivity slider settings.
This is useful if you are working with dense or cluttered ma-
terial with a lot of hitpoints, but you know that the material is
based on a strict meter. By selecting Metric Bias it will be
easier to find the hitpoints close to the meter position (al-
though most other hitpoints are also available, at higher sen-
sitivity settings).

3. Move the sensitivity slider to the right to add hitpoints
or to the left to remove unwanted hitpoints until one indi-
vidual sound is played between each hitpoint.

If your main reason for slicing the loop is to change the tempo, you gener-
ally need as many slices as you can get, but never more than one per indi-
vidual “hit" in the loop. If you want to create a groove, you should try to get
approximately one slice per eighth note, sixteenth note or whatever the
loop requires (see “Creating groove quantize maps” on page 237).

In the next step, the loop will be adapted to the project
tempo set in Cubase.

4. Verify the Tempo and Bars values in the toolbar.

5. On the Hitpoints tab, click on the Slice & Close button
or select “Create Audio Slices from Hitpoints” from the
Hitpoints submenu on the Audio menu to create audio
slices from the hitpoints.

The following happens:
= The Sample Editor closes.

= The audio event is “sliced” so that the sections between
the hitpoints become separate events, all referring to the
same original file.
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= The audio event is replaced by an audio part, containing

the slices (double-click the part to view the slices in the Au-
dio Part Editor). If you edited a clip from the Pool, you need
to drag it to an audio track to get a part with the slices.

/N When you create slices, all events containing the ed-
ited clip will also be replaced.

= The loop is automatically adapted to the project tempo.
This takes the loop length you specified into account: e.g., if
the loop was one bar long, the part is resized to fit exactly
one bar in the Cubase tempo, and the slices are moved ac-
cordingly, keeping their relative positions within the part.

= In the Pool, the sliced clip is shown with a different icon.
Dragging the sliced clip from the Pool to an audio track will create an audio
part with the slices adapted to the project tempo, just as above.

/N Only when the audio tempo has been defined and
the audio grid matches the project tempo, your slices
will be straight (quantized).

6. Activate cycle playback on the Transport panel.
The loop should now play back seamlessly at the tempo set in the project!

= Make sure the “Musical time base” button in the Track
list or Inspector (the button should show a note symbol —
see “Switching between musical and linear time base” on
page 40) is activated. This way the loop will follow any fur-
ther tempo changes.

= If the project tempo is lower than the original tempo of
the loop, there may be audible gaps between each slice
event in the part.

This can be remedied by using the Close Gaps function on the Advan-
ced submenu of the Audio menu, see “Close Gaps” on page 238. You
should also consider activating auto fades for the corresponding audio
track — fade-outs set to about 10ms will help eliminate any clicks be-
tween the slices when you play back the part. See “Fades, crossfades
and envelopes” on page 88.

= If the project tempo is higher than the loop's original
tempo, you may want to activate auto crossfades for the
track.

You can use the Close Gaps functions in this case as well, see “Close
Gaps" on page 238.
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The slices in the Audio Part Editor. Here, the project tempo was higher
than the loop’s original tempo — the slice events overlap slightly.

Setting hitpoints manually

If you cannot get the desired result by adjusting the sensi-
tivity, try to set and edit hitpoints manually.

1. Zoom in on the waveform at the point where you wish
to add a hitpoint.

2. Select the Edit Hitpoints tool to audition the area and
make sure that the start of the sound is in view.

= Activate Snap to Zero Crossing on the Sample Editor
toolbar.

By finding zero crossings in the waveform (positions where the amplitude
is close to zero), manually added slices won't introduce any clicks or pops.
All hitpoints calculated by the program are automatically placed at zero
crossings.

VAN “Snap to Zero Crossing” may alter the timing. In
some cases it might be better to deactivate it, espe-
cially if you just want to generate a groove quantize
map. However, if you create slices afterwards, auto
fades will be necessary.

3. Press [Alt])/[Option] so that the mouse pointer changes
to a pencil tool and click just before the start of the sound.
A new hitpoint appears. Manually added hitpoints are locked by default.

= If you notice that a hitpoint was either placed too far
away from the start of the sound or too far into the sound,
you can move it by clicking on the hitpoint handle and
dragging it to the new position.

4. Audition the slices by pointing and clicking in any slice
area.

The pointer changes to a speaker icon and the corresponding slice will be
played back from the beginning to the end.
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= If you hear a single sound split into two slice you can
disable an individual slice by pressing [Alt]/[Option] (the
pointer turns into a cross) and clicking on the correspond-
ing hitpoint handle.

The hitpoint handle gets smaller and its line disappears to indicate that it
is disabled. To reactivate a disabled hitpoint, [Alt]/[Option]-click on the
hitpoint handle again.

= If you hear “double hits” (e.g. a snare hit being followed
by a hi-hat hit within the same slice) you can add further hit-
points manually, or you can raise the sensitivity slider until
the hitpoint appears, lock this hitpoint by pointing on the
handle until it becomes green and click on it.

Locked hitpoints are displayed in a darker color. After locking the hitpoint
you can drag the sensitivity slider to the original setting and the locked
hitpoint will remain shown. You can unlock a locked hitpoint by clicking
on its handle.

= If you want to delete a hitpoint, simply drag it out of the
Sample Editor window.

Hitpoints that you have created manually can also be deleted by clicking
their handle.

Match-quantizing audio

Hitpoints can have individual Q-points. These are mainly
used for audio quantizing. Their function is to define the
point to which the quantizing will apply. Sometimes a slice
might have a slow attack, and a peak further into the slice
which you wish to use as the Q-point. When you apply
quantize, the Q-point will define where the warp tab will
be added. This also defines the point which will be
stretched to a grid position when quantizing.

e
S

/N Sounds with a slow attack have their rhythmic center
at some point before the peak.
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= To activate Q-points, open the Preferences (Editing—
Audio page) and activate the option “Hitpoints have Q-
Points”.

Next time you use the Calculate Hitpoints function, the hitpoints will have
Q-points.

= To offset the position of a Q-point in relation to the hit-
point, simply click on the “Q" icon and drag it to the right
to the desired position.

Creating groove quantize maps

You can generate groove quantize maps based on the
hitpoints you have created in the Sample Editor. Groove
quantizing is not meant for correcting errors, but for creat-
ing rhythmic feels. This is done by comparing your re-
corded music with a “groove” (a timing grid generated
from the file) and moving the appropriate notes so that
their timing matches the one of the groove. In other words,
you can extract the timing from an audio loop and use it for
quantizing MIDI parts (or other audio loops, after slicing
them).

Proceed as follows:

1. Check the audio tempo and define the audio grid as
described above.

2. Create and edit hitpoints as described above.
You don't have to create slices — just set up the hitpoints.

* You should try to get approximately one slice per eighth
note, sixteenth note or whatever the loop requires when
setting hitpoints for extracting a groove.

It can be helpful to use one of the note value-based options on the “Use”
pop-up menu when you're setting up the hitpoints (see “Calculating hit-
points and slicing a loop” on page 235).

3. When you have finished setting the hitpoints, click on
the Make Groove button in the Hitpoints tab of the Sample
Editor Inspector or select “Create Groove Quantize from
Hitpoints” from the Hitpoints submenu on the Audio menu.
The groove is extracted.

4. If you now pull down the Quantize Type pop-up menu
in the Project window you will find an additional item at the
bottom of the list, with the same name as the file from
which you extracted the groove.

This groove can now be selected as a base for quantizing, just like any
other quantize value. See “The Quantizing functions” on page 326.

5. If you want to save this groove, open the Quantize
Setup dialog and store it as a preset.
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= You can also create grooves from a MIDI part by se-
lecting the part and dragging it on the grid display in the
middle of the Quantize Setup dialog or by selecting “Part
to Groove" from the Advanced Quantize submenu on the
MIDI menu.

Other hitpoint functions

On the Hitpoints tab of the Sample Editor Inspector and
on the various submenus of the Audio menu, you will also
find the following functions:

Create Markers

If an audio event contains calculated hitpoints, you can
click on the Create Markers button in the Hitpoints tab to
add a marker for each hitpoint (see “Marker tracks” on
page 31). This can be useful to snap to hitpoints, e.g. for
locating hitpoints and for using the Time Warp tool (see
“The Time Warp tool” on page 408).

Create Regions

If your audio event contains calculated hitpoints, you can
click the Create Regions button on the Hitpoints tab to
automatically create regions from hitpoints. This can be
useful to isolate recorded sounds, in order to upload them,
e.g. to HALion either as velocity or keyzones.

When you make a selection, regions will only be calculated
from the hitpoints that are contained in the selection.

Create Events

When you wish to create separate events according to the
hitpoints for a file, you can click on the Create Events but-
ton in the Hitpoints tab. This means that you do not have to
make the same considerations as when slicing for tempo

changes. You can use any method you like to set hitpoints.

= The slices created will appear in the Project window as
separate events.

Close Gaps

This function from the Advanced submenu on the Audio
menu is useful if you sliced a loop for tempo changes.
Lowering the tempo below the loop's original tempo will
create gaps between the slices. The lower the tempo is in
relation to the original tempo, the wider the gaps will be.
Close Gaps can be used to remedy this.
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Proceed as follows:

1. Set the desired tempo.

2. Select the part in the Project window.

3. Select “Close Gaps" from the Advanced submenu on
the Audio menu.

Time stretch is applied on each slice to close the gaps. Depending on
the length of the part and the algorithm set in the Preferences (Editing—
Audio page), this can take a little while.

4, The waveform is redrawn and the gaps are closed!

= Note that this feature creates new clips in the Pool, one
for each slice.

* Close Gaps can also be used when the project tempo
is higher than the original loop tempo.
This will use the time stretch function to compress the slices to fit.

= If you decide to change the tempo again after using the
Close Gaps function, you should undo the Close Gaps op-
eration or start over again, using the original unstretched
file.

= You can also use this function on individual events (in
the Audio Part Editor or Project window).

The events don't have to be slices - you can use Close Gaps simply to
stretch an audio event to the start position of the next event.

Free Warp

The Free Warp tool allows you to create Warp tabs. Warp
tabs are a kind of marker or anchor that can be attached to
musically relevant time positions in an audio event, for ex-
ample the first beat of every bar. Warp tabs can be dragged
to the corresponding time positions in the project, and the
audio will be stretched accordingly.
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A typical application of warp tabs is to use them to synchro-
nize audio to video.

/N Ifthe AudioWarp tab is open, warp tabs will be dis-
played in the waveform and if the VariAudio tab is
open, they will be displayed in the ruler.

You can also use warp tabs for further tweaking after hav-
ing activated Musical mode.

/N When you deactivate the Musical mode, select an-
other Quantize value or move the Swing slider, all
your warp modifications will be lost.

Using the Free warp tool

Warp tabs are created using the Free Warp tool on the
AudioWarp tab of the Sample Editor, but can also be cre-
ated from hitpoints (see “Creating warp tabs from hit-
points” on page 241). In this example, we will show how a
file with slightly varying tempo can be locked to a steady
tempo by using warp tabs.

1. Open the audio file you wish to process in the Sample
Editor.

2. Activate the “Snap to Zero Crossing” button on the
Sample Editor toolbar.

When you activate this button, warp tabs will snap to zero crossings and
hitpoints (if shown).

3. Determine the length of the file.

4. On the Definition tab, click the Auto Adjust button so
that the audio event is stretched to the project tempo.

5. On the AudioWarp tab, select the Free Warp tool.

For aligning the tempo, you should use Bars and Beats as ruler resolution.
When you place the mouse pointer in the waveform display, it changes to
a clock with arrows on either side, and a vertical line in the middle which
represents the pointer. When you move the pointer in the waveform win-
dow, it shows the position in bars, beats and ticks as well as in seconds.

6. Line up the audio file so that the first beat of the first
bar (in the audio event) starts on the first beat of a bar in
the project.

= If the audio file doesn't start on a downbeat, you can
use the Event Start handle in the Sample Editor and adjust
the position in the Project window so that the first down-
beat in the sample is aligned with the first beat of a bar in
the grid.

Now the musical first downbeat should be aligned with the first beat of a
bar in the project.
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The next step is to see where the first warp tab needs to
be added. It may be useful to hear the metronome click to
determine when the tempo of the audio clip drifts from the
project tempo. To hear the metronome, activate the Click
button on the Transport panel and play back using the
transport controls.

7. Play back the audio file, either by auditioning in the
Sample Editor or from the Transport panel, and determine
where the first beat of a bar in the audio event does not
match the corresponding ruler position in the project.

If you find it difficult to pinpoint an exact position in the audio event, you
can switch to the Scrub tool and/or zoom in the view. Switch back to the
Free Warp tool when you have found the position.

8. In our example, the first beat of the third bar in the au-
dio event is slightly offset from the corresponding grid po-
sition and thus needs to be moved back a bit.

Le]
3.22.6314.690
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The third downbeat in the audio event

9. Place the pointer at the position of the first beat of the
third bar in the audio event and click and hold.

When you click, a warp tab is added. If the position where you clicked
was off, you can adjust it by dragging the tab in the ruler.
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10. With the mouse button still pressed, drag the warp tab
so that the position lines up with the first beat of the bar in
the ruler.

11. Release the mouse button.
Now the first beat in the audio event is perfectly aligned with the corre-
sponding position in the project!

3.1.1.0 /4.000 (on warp tab

* You can also first add warp tabs at the relevant musical
positions and change their positions later, see “Editing
warp tabs” on page 240.
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Next to the warp tab handle in the ruler, a number is
shown. This number indicates the warp factor, i.e. the
amount of stretch. Warp factor numbers higher than 1.0
indicate that the audio region preceding the warp tab is
expanded and will play back slower. Warp factor numbers
lower than 1.0 indicate that the audio region preceding
the warp tab is compressed and will play back faster.

= Note that this ratio is limited to a range between 0.1
and 10. This factor is updated when you change the pro-
ject tempo with Musical mode enabled or use the Time
Warp tool.

12. Continue to use the same method to align the first
beat in each bar to the corresponding ruler position.

You only have to add warp tabs where the downbeat in the audio file
drifts from the ruler position and/or if you want to lock a warp tab so that
it is not moved when editing other points.

When you are done, the previously varying tempo of the
audio event will be metronome-steady and will adapt to
any tempo in Cubase.

This example illustrates the general methods of using
warp tabs and the Free Warp tool. But you can of course
use warp tabs for other operations than aligning down-
beats to grid positions. With the Free Warp tool, you can
literally stretch any region within a sample to any position!

Editing warp tabs
Moving the destination of existing warp tabs

To move a destination position of a warp tab (and thus
stretch the audio), select the Free Warp tool and position
the pointer on the Warp line in the waveform so that the
line in the middle of the pointer becomes blue. Then click
and drag to move the position of the warp tab.

1.2.2.535 § 0.661 (on warp tab

e
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Moving the insert position of existing warp tabs

If you simply wish to change the insert position of a warp
tab in the audio, click and drag the warp tab header in the
ruler. However, this will change the warping.

Bypassing warp tabs

You can disable all warp modifications by activating the
Disable Warp Changes button in the AudioWarp tab or by
setting up and using the “Bypass Warping” key command
in the Key Commands dialog, Sample Editor category (see
“Key commands” on page 479).

Deleting warp tabs

You can configure a tool modifier for deleting warp tabs in
the Preferences dialog (Editing—Tool Modifiers—Audio-
Warp tool). To delete a warp tab, hold down the tool mod-
ifier so that the pointer becomes an eraser and click on
the warp tab.

Resetting warp modifications

To reset all warp changes, click the Reset button on the
AudioWarp tab.

Creating warp tabs from hitpoints

You can also create warp tabs from hitpoints selecting
“Create Warp Tabs from Hitpoints” on the Realtime Pro-
cessing submenu of the Audio menu.

For descriptions of how hitpoints are created and edited
please see “Using hitpoints” on page 235.
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Flattening the realtime processing

You can “flatten” the realtime processing at any time. This
can be done to serve two purposes; to reduce the CPU
load and to optimize the sound quality of the processing.
The flatten function takes the following into account:

= Warp modifications (see “Free Warp” on page 238 and
“Warping segments” on page 250), even when Bypass is ac-
tivated. After the flattening, your Warp tabs will be lost. How-
ever, you can undo this function as usual.

» VariAudio pitch modifications (see “Changing the pitch” on
page 247), even when Bypass is activated. In this case, the
Realtime algorithm (Solo preset) will be used. After the flatten-
ing, your VariAudio data will be lost. However, you can undo
this operation.

* Event transpose (see “Transposing individual parts or events
using the info line” on page 106).

Select the audio event(s) you wish to process and se-
lect “Flatten” from the Realtime Processing submenu of
the Audio menu.

You should also use this function before applying any offline processing.
When the flatten processing is applied, a copy of the original file is auto-
matically created in the Pool so that the original audio clip remains intact.

Selecting an algorithm for the flattening (Cubase only)

/N Inthe Pool, you can select an algorithm for several
selected clips at a time.

/N If you are working with VariAudio pitch shifting, the
Realtime algorithm (Solo preset) will be used auto-
matically.

When you flatten the realtime processing, you can use the
MPEX 4 algorithm to process the audio, which may pro-
duce better sound quality than the realtime processing.
This is also the only way to achieve polyphonic formant
conserving pitch shifting, apart from offline processing.
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Proceed as follows:
1. Select the audio event(s) you wish to process.

2. Select “Flatten” from the Realtime Processing sub-
menu of the Audio menu or use the corresponding button
in the Process tab.

If you did not perform any pitch modifications a dialog appears where you
can select an algorithm for the processing. You can either select the MPEX
4 algorithm, which will produce the highest sound quality, or the Realtime
algorithm which is much quicker but will not improve the audio quality of
the processing (although it will reduce the CPU load).

€* Flatten Realtime Processing

Algorithm

| Algorithm

[ Ok, ] [ Cancel ]

= This dialog will not be opened when the time stretch-
ing factor is outside the range of 0.5 and 2 or when you in-
troduced VariAudio pitch modifications. In these cases the
Realtime algorithm will be used.

The MPEX4 algorithm allows you to select one of seven
different quality settings:

Option Description

Preview This mode should only be used for preview.

Mix Fast This mode is a very fast mode for preview. This works best
with composite music signals (mono or stereo material).

Solo Fast Use this mode for single instruments (monophonic mate-
rial) and voice.

Solo Musical ~ Same as above but higher quality.

Poly Fast Use this for processing monophonic and polyphonic ma-
terial. This is the fastest setting that gives still very good
results. You can use this for drum loops, mixes, chords.

Poly Musical Use this for processing monophonic and polyphonic ma-
terial. This is the recommended MPEX default quality set-
ting. You can use this for drum loops, mixes, chords.

Poly Complex  This high quality setting is quite processor intense and

should be used only when processing difficult material or
for stretch factors above 1.3.

= If the audio has been transposed, the dialog also con-
tains the option “Formant Correction”. Activate this if you
want to e.g. avoid a “chipmunk voice” effect.

3. Select an algorithm and click OK.

After the processing, any loop that was previously stretched in realtime
or had been pitch shifted will play back exactly the same, but Musical
mode will be deactivated and the realtime pitch shifting will be set to 0.

The audio clip is now like any standard audio clip before
applying realtime processing, i.e. it will not follow tempo
changes. The flattening processing function is best used
when you have determined the tempo or key of a project,
but you can of course always adapt the audio to a new key
or tempo. In this case, it is better to revert back to the orig-
inal audio clip rather than to process the already pro-
cessed file again.

Unstretching audio files

By selecting “Unstretch Audio” from the Realtime Proces-
sing submenu of the Audio menu, all realtime time stretch-
ing (by sizing or by warp tabs) is removed.

= Note that realtime transpose (in the info line) and Mu-
sical mode will not be removed by this.

Whether the “Unstretch Audio” menu item is available de-
pends on whether the time stretching was applied at the
event or clip level:

= If you sized an audio event in the Project window using
“Sizing Applies Time Stretch” (see “Resizing events using
time stretch” on page 47), you can undo the time stretch-
ing by selecting the event in the Project window and then
applying “Unstretch Audio”.

This will remove all time stretching and warp tabs.

* When you have entered a tempo and/or length in the
toolbar, this information is saved for the source clip and all
events that use it.

These changes will not be undone using “Unstretch Audio”.
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VariAudio (Cubase only)

= Before you continue, make sure you read the tutorial in
the Getting Started manual.

With the AudioWarp features, editing audio in the time
domain has become significantly easier. However, editing
pitch was limited to having just one single numeric “trans-
pose” value per event or part.

With cutting-edge technology Cubase finally turns the
dreams of musicians and producers into reality: editing
vocal lines in the Sample Editor has become just as seam-
less and quick as if editing MIDI notes in the renowned
Key Editor. This is the new VariAudio feature that offers
completely integrated vocal editing and pitch alteration of
individual notes in monophonic vocal recordings and can
solve intonation and timing problems with only a few
mouse clicks.

And how does it work? First, the vocal line is analyzed and
split into segments shown as graphic representation of
the notes sung. After the detection process is complete,
the recognized notes can be modified entirely “non-de-
structive” so that any modifications to the audio material
can be undone or reverted to the state of the original file.

VariAudio was developed and optimized specifically to be
used with monophonic vocal recordings. Though the de-
tection and stretching of notes of other monophonic audio
recordings, such as those of a saxophone, may work well,
the quality of the end result depends greatly on the generic
condition and structure of the recording's texture. The fol-
lowing sections explain the exciting functionality of VariAu-
dio in which we only refer to monophonic vocal material.

VariAudio allows you to change your audio on the vertical
axis (see “Changing the pitch” on page 247) and on the
horizontal axis (see “Warping segments” on page 250).

= If you load projects with VariAudio files in Cubase Stu-
dio, the original files will be played back and your VariAu-
dio modifications will be ignored. If you want to hear your
modifications in Cubase Studio, you will have to bounce
the audio files that have been edited with the Cubase
VariAudio features.
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Understanding the waveform display in
VariAudio

When you open monophonic vocal recordings in the Sam-
ple Editor and click the Segments or the Pitch & Warp
mode on the VariAudio tab, your audio will be analyzed and
segmented to display the tonal portions, i.e. the notes sung
or played. This process is called segmentation. The seg-
mentation allows you to easily associate the audio with
your lyrics and to introduce pitch and timing changes.
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In between the different segments you may find gaps where
non-tonal portions have been detected:

Audio waveform
Gap \
Segments

In this example, at the beginning of the waveform, you can
see a gap where no segment is shown. Such gaps can be
caused by non-tonal portions of the audio, e.g. breath
sounds.

= Please note that the audio waveform displayed on the
VariAudio tab is always shown as mono, even if you opened
a stereo or multi-channel file.
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The vertical position of a segment indicates its average
pitch. If Pitch & Warp mode is activated and you move the
mouse pointer over a segment, a piano roll will be dis-
played, showing the found pitches.

mouse over a R

segment...
E3

D3 ...a piano roll
is shown in
the waveform.

Furthermore, if you move the mouse pointer over a seg-
ment and the zoom factor is high enough, the average
pitch — note name and fine tuning in cent steps (100ths of
a semitone) — is shown on top of the segment.

3

B2 | B2 +8%—4™ -

Note name Fine tuning in cents

Note pitches represent the perceived fundamental fre-
guency of a sound. The note A4 is perceived to be of the
same pitch as a sine wave of 440 Hz. The notation of
pitches is a logarithmic frequency scale. The table below
shows the relation between pitch (note name) and
frequency in Hz:

ca c#4/ Da Eb4/  E4 F4 F#4/
Db4 D#4 Gb4
261.63 277.18 1293.66 311.13 329.63 349.23 369.99
G4 Abd/ A4 Bb4/ B4 C5
G#4 A#4
392.00 41530 440.00 466.16 493.88 523.25

The average pitch of a segment is calculated from its mi-

cro pitch curve. Micro-pitch curves represent the progres-

sion of the pitch for the tonal portion of the audio.

Micro-pitch curves

]
im
\

This portion of the waveform cannot be represented as a
micro-pitch curve.

The horizontal position of a segment indicates the time
position and the length.

You can navigate through the segments by using the left/
right arrow keys on your computer keyboard.

You can zoom in on the segments that you want to edit by
holding down [Alt]/[Option] while drawing a selection rect-
angle. To zoom out, i.e. to move one step back in the zoom
history, hold down [Alt]/[Option] and click in an empty area
of the waveform. If you hold down [Alt]/[Option] and double
click in an empty area, the display will be zoomed out to
show all segments.
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Applying editing, offline processes and
VariAudio

The following offline processes and edits that affect the
length of the audio file, may lead to the re-analysis of the
audio material:

= Options on the Select Process menu in the Process tab
of the Sample Editor Inspector or in the Process submenu
on the Audio menu that can be applied to selections

= Effect processing using the options on the Select Plug-
in menu in the Process tab of the Sample Editor Inspector
or in the Plug-ins submenu on the Audio menu (see the
chapter “Audio processing and functions” on page 204)

= Cut, paste and delete (see “Editing selection ranges”
on page 227) or drawing notes (see “Drawing in the Sam-
ple Editor” on page 230)

This in turn may render any already existing VariAudio data
invalid, and such data may be discarded automatically.

/N Therefore, you should always apply offline process-
ing or edits before using the VariAudio features.

If you apply editing that affects the audio itself (like reverse,
cut, etc.) to a file containing VariAudio data, the following
warning message will be displayed:

! Y This operation wil invalidate the YariAudio data.

(‘ Cubase 5

B Do not display this warming again

Proceed Cancel

* When you click Proceed, your edits will be applied, and
you will loose your VariAudio data.
Click Cancel to return to your audio file without applying any changes.

If you apply offline processing to a file containing VariAudio
data, the following warning message will be displayed:

(' Cubase 5

A

This operation may invalidate the Yaritudio data
when proceeding you may choose to keep the data anpway

B Do not display this waming again

[ Froceed H Fioceed and Keep ][ Cancel
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= When you click Proceed, your edits will be applied, and
you will loose your VariAudio data.

= When you click Proceed and Keep, your edits will be
applied. Any VariAudio data in the audio file will be kept.
Offline processes that may not affect existing VarioAudio data are Enve-
lope, Fade In/Out, Normalize or Silence.

= Click Cancel to return to your audio file without applying
any changes.

= When you activate the option “Do not display this warn-
ing again” in one of these warning dialogs before pro-
ceeding, Cubase will no longer display these messages,
and always proceed with the option you last selected.

You can reactivate these warning messages by activating the options “In-
hibit warning when changing the Sample Data” or “Inhibit warning when
applying Offline Processes” option in the Preferences (VariAudio page).

Segments mode

/N Please note that due to the data gained during this
process the audio and thus the size of your project
can increase.

If you activate Segments mode in the VariAudio tab, your
audio file will be analyzed and split into separate seg-
ments.

/N Please note that the analysis of audio files longer
than 3 minutes might take some time. A dialog with a
progress bar is displayed while the audio file is ana-
lyzed. You can click the Abort button to abort the op-
eration.

When you want to change the pitch of audio that includes
non-tonal portions, e.g. consonants or effect sounds like re-
verberation, you may have to edit the segmentation in order
to include the non-tonal portions in the segments. Other-
wise, pitch modifications will only affect the tonal portions
and not the non-tonal portions.
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Editing the segmentation includes changing the start and
end position of a segment, cutting or gluing segments, and
moving or deleting them. Just select the section of the file
that you want to change, activate Segments mode, and edit
the segmentation for the desired section. If you are not sat-
isfied with your changes, you can go back to the original
segmentation (see “Reset” on page 252).

AN Editing the segmentation always leads to a recalcu-
lation of the segment’s pitch. Therefore, it is recom-
mended that you edit segmentation before changing
pitch.

= In Segments mode, the segments are shown with a
hatched background. You can switch to “Pitch & Warp”
mode (see “Pitch & Warp mode” on page 247) by press-
ing the [Tab] key.

The following paragraphs list the corrections that can be
performed when Segments mode is activated.
Changing the note start or end point

If you find that a note starts or ends too early or too late,
e.g. when the reverb of a note or a consonant is not in-

cluded in the segment, proceed as follows:
1. Activate Segments mode on the VariAudio tab.

2. To change the length of a segment, move the mouse
pointer over the start/end of the segment.
The mouse pointer becomes a double arrow.

B.
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3. Click and drag the segment start/end to the left or right.
The segment length will be changed accordingly. As the average pitch
(see above) is recalculated, the segment may jump upwards or down-
wards. Snap will not be taken into account.

/N When the resulting segment pitch cannot be calcu-
lated because of an increase in non-tonal data, the
segment will be deleted.
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= Note that you can drag the segment start/end only un-
til it reaches the start/end of the next segment. Segments
cannot overlap each other.

Cutting a segment

If you notice that a segment includes more than one note,
proceed as follows:

1. Activate Segments mode on the VariAudio tab.

2. Move the mouse pointer over the lower border of the
segment that you would like to cut.
The mouse pointer becomes a scissor.
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3. Click at the desired position to cut the segment.
The segment will be cut accordingly and Snap is taken into account.

/N When the resulting segment pitch cannot be calcu-
lated because of an increase in non-tonal data, the
segment will be deleted.

= Note that there is a minimum size for a segment. Very
short segments cannot be cut.

Gluing a segment

/N We recommend to correct the segmentation before
pitching. If you glue together segments after changing
the pitch (this includes manual pitch modifications,
Pitch Quantize and Straighten Pitch), your modifica-
tions will be reset and the original pitch will be heard.

If you notice that a single note is spread over two seg-
ments, proceed as follows:

1. Activate Segments mode in the VariAudio tab.

2. Hold down [Alt]/[Option] and move the mouse pointer
over the segment that you want to glue to the next.
The mouse pointer becomes a glue tube.

Ly
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3. Click to glue the active segment to the next segment.
If several segments are selected, they will all be glued together. Snap will
not be taken into account.

/N When the resulting segment pitch cannot be calcu-
lated because of an increase in non-tonal data, the
segment will be deleted.

Moving a segment horizontally

After cutting a segment, it may be necessary to move seg-
ments horizontally, e.g. if you notice that a note is at the
wrong position.

Proceed as follows:

1. Activate Segments mode on the VariAudio tab.

2. To move a segment, move the mouse pointer over the
upper border of the segment.
The mouse pointer becomes a double arrow.

Alb
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3. Click and drag the whole segment to the left or right.
The segment will be moved accordingly. If several segments are selected,
they will be moved together. Snap will not be taken into account.

/N When the resulting segment pitch cannot be calcu-
lated because of an increase in non-tonal data, the
segment will be deleted.

= Note that you can only drag the segment start/end un-
til it reaches the start/end of the next segment. Segments
cannot overlap each other.

Deleting segments

Sometimes it might be useful to delete segments. This is
true for situations where you want the original audio to be
played back, e.g. for non-tonal portions or consonants.

You can delete segments by selecting them and pressing
[Backspace].

Saving the segmentation

The corrected segmentation is saved with the project, no
additional saving is required.
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Pitch & Warp mode

If you activate Pitch & Warp mode in the VariAudio tab,
you can change the pitch and the timing of your audio.

/N Before changing the pitch or timing of your seg-
ments, make sure that the segments you want to
change are corrected (see “Applying editing, offline
processes and VariAudio” on page 245).

You can edit the pitch and timing of audio segments for
corrective purposes but also creatively by experimenting
freely with note pitches in order to change the melody with
or without preserving a natural sound, or by changing the
timing of the audio (see “Pitch & Warp mode” on page
247).

= In Pitch & Warp mode, the segments are shown with a
plain background. You can toggle between “Pitch & Warp
mode” and “Segments” mode by pressing the [Tab] key.

= There are some restrictions concerning the highest
and lowest possible note pitch. You cannot choose note
pitches above C5 and below EO.

The following paragraphs list the modifications that can be
performed when Pitch & Warp mode is activated.

Changing the pitch

/N Before changing the pitch, you should have cor-
rected the segmentation. If you glue together seg-
ments after changing the pitch, your modifications
will be reset and the original pitch will be heard.

If you want to edit the pitch of a segment, proceed as
follows:

1. Activate Pitch & Warp mode on the VariAudio tab.

2. Move the mouse pointer over the segment.

The mouse pointer becomes a hand symbol to indicate that you can
change the pitch of the segment. If the zoom factor is high enough, a
tooltip indicates the found note pitch and the deviation of the segment
from this pitch in percent.

tad |
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You can set up the way in which a note will snap to a cer-
tain pitch in the Preferences dialog (Editing—Tool Modifi-
ers page):

* If you use “Absolute Pitch Snapping” (by default no modifier)
the segment will be pitched to the next semitone.

* If you use “Relative Pitch Snapping” (by default [Ctrl]/[Com-
mand]) the segment snaps in relation to its current deviation in
cents. That means that if the segment has a pitch of C3 and a
deviation of 22% and you move it up by one semitone, it will
be pitched to C#3 while keeping the deviation of 22%.

* If you use “No Pitch Snapping” (by default [Shift]) you can edit
the pitch freely.

3. Drag the segment up or down to the desired pitch and
release the mouse. However, be careful: The more the
pitch deviates from the original pitch, the less likely it is
that your audio will sound natural.

If the Solo algorithm is not turned on already, a warning appears inform-
ing you that Cubase has selected it automatically. (You can disable this
warning message in the Preferences—VariAudio page.) The segment will
be pitched accordingly. While dragging, the original micro-pitch curve of
the segment is shown in orange. If several segments are selected, they
will be pitched together.

You can also use the up/down arrow keys on your com-
puter keyboard to edit the note pitches.

Proceed as follows:

= Use the up/down arrow keys to change the pitch in
semitone steps.

= Hold down [Shift] while using the up/down arrow keys
to change the pitch in cent steps.

YANNi you pitch-shift audio events with the Transpose op-
tions (see “The Transpose functions” on page 103)
the transposition will be added to the pitch modifica-
tions that you introduced in Pitch & Warp mode,
even if this is not reflected in the segmentation dis-

play.

Pitch Quantize

You can also quantize the audio pitch upwards or down-
wards to iteratively reduce the deviation from the nearest
semitone position.

Proceed as follows:
1. Select the segments you want to quantize.

2. Move the Pitch Quantize slider to the right.
The selected segments are quantized iteratively.

You can set up a key command for Pitch Quantize in the
Sample Editor category of the Key Commands dialog (see
“Key commands” on page 479). When using the key com-
mand, the segments will be directly quantized to the next
semitone position.

Tilting the micro-pitch curve

Sometimes changing the pitch of the whole note segment
is not enough. In these cases you will have to modify how
the pitch changes inside the segment. This is indicated by
the micro pitch curve (see “Understanding the waveform
display in VariAudio” on page 243).

/N The micro-pitch curve displays the progression of
the pitch for the tonal portion of the segment. For
non-tonal portions of the audio, micro-pitch curves
cannot be shown.

Proceed as follows:
1. Activate Pitch & Warp mode on the VariAudio tab.

2. To change the micro-pitch of a segment, move the
mouse pointer over the top left/right corner of the segment.
The mouse pointer becomes an up/down arrow.

3. Drag upwards/downwards with the mouse to change
the micro-pitch curve.
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If the pitch falls at the end of the
segment...

...activate Pitch & Warp mode,
point at the top right corner and
drag upwards.
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If you want to change the pitch modulation only for the
segment start or end, you can set an “anchor point” to
specify which part of the pitch should be affected:

1. Move the mouse pointer over the top border of the
segment.
The mouse pointer becomes an I-beam symbol.

2. Click at the position where you want to set an anchor.
A vertical line appears at the position where you clicked. A segment can
only have one anchor.

3. Move the mouse pointer over the top left/right corner of
the segment and drag upwards or downwards to tilt the
micro-pitch curve.

The modulation curve will only be changed from the segment border to
the anchor.
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Move the mouse over the top
border and click to set an
anchor...

...if you only want to compensate
for the descending pitch at the end
of the segment.

= If you press [Alt]/[Option] while dragging up/down, the
tilt anchor is used as an axis around which the micro-pitch
curve can be rotated.

/

If you set a tilt anchor...

[ B /
...and press [Alt]/[Option], the mouse pointer becomes a diagonal
arrow to indicate that you can rotate the micro pitch curve.

U

4. Repeat the steps above to set anchors and tilt the mi-
cro-pitch curve until you are satisfied with the result.
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= If you want to remove a tilt anchor from a segment, hold
down [Alt)/[Option], position the mouse cursor at the top
border of the segment until it turns to a glue tube, and click.
The tilt anchor will be deleted.

1
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Straighten Pitch

If you want to compensate for the rise and fall of notes, i.e.
the deviation of the micro-pitch curve from the representa-
tive pitch, you can use the Straighten Pitch slider. This
correction comes in handy when a note is played flat
(pitch rises) or sharp (the pitch falls) at the end. Proceed
as follows:

1. Select the segments whose pitch you want to
straighten.

2. Move the Straighten Pitch slider to the right.
The pitch of the selected segments will be straightened. If no segment
was selected, all pitches are straightened.

Straighten Pitch

»

Reset

This micro-pitch looks a bit off. By moving the Straighten Pitch slider
to the right...

fi

v

...the micro-pitch curve is straightened.

MIDI Input

You can also change the pitch on the fly by selecting the
segment you want to change and pressing a key on your
MIDI keyboard or using the Virtual Keyboard (see “The Vir-
tual Keyboard” on page 65).
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Proceed as follows:

1. After having corrected the segmentation, select the
segment for which you would like to change the pitch.

2. Activate Pitch & Warp mode and click the MIDI Input
button.

3. Press a key on your MIDI keyboard or use the Virtual
Keyboard to change the pitch of the segment.
The pitch of the segment changes according to the note you played.

The MIDI Input function has two modes. You can switch
between these by [Alt]/[Option]-clicking on the MIDI Input
button:

= In Still Mode you can select individual segments by click-
ing on them and change their pitch by pressing a MIDI key.
You can also select several segments and press a MIDI key,
to change the pitch of several segments simultaneously.
The pitch of the first selected segment is changed to the
pitch of the MIDI note you played. The pitches of the other
selected segment are changed by the same amount.

WariAudio

Segments =i St Mode is activated for MIDI npt

MID! It

= In Step Mode you can step through the segments by
selecting the first segment that you would like to change
and pressing a MIDI key. The next segment will automati-
cally be selected afterwards. This allows you to work in a
more creative way and to develop e.g. completely new
melody lines via MIDI.

- Step Mode is activated for MIDI Input.

4. When you are done, deactivate the MIDI Input button.

= MIDI controller data like PitchBend or Modulation will
be ignored.
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Warping segments

/N Any correction of the segmentation must be applied
before warping segments.

Time correction, i.e. warping at segment level, is useful if
you want to align a musical accent to a certain position, or
change or quantize the timing of single segments in mono-
phonic vocal recordings. When warping audio segments,
warp tabs will be created. These are shown on the VariAu-
dio and the AudioWarp tabs of the Sample Editor Inspec-
tor. (For information on warping complete audio files, see
“Free Warp” on page 238.)

If you want to warp a segment, proceed as follows:
1. Activate Pitch & Warp mode on the VariAudio tab.

2. To change the timing of a segment, move the mouse
pointer over the start/end of the segment.

The mouse pointer becomes a double arrow and the warp tabs are dis-
played in the ruler.

3. Drag the start/end of the segment to the desired posi-
tion.

If the Snap button is activated, the segment border will snap to the grid.
When you drag the segment border, warp tabs appear not only at the
border but also at the adjacent segment borders to indicate which por-
tions of the audio are stretched/affected.

J

= Warping a segment will also change the timing of the
adjacent segments.

= Timing modifications introduced this way will not
adapt to the project tempo. If this is what you want, you
should use the Musical mode (see “AudioWarp: Tempo
matching audio” on page 231).
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= You can change the insert position of a warp tab in the
audio by clicking and dragging the warp tab header in the
ruler. This will change the warping (see “Editing Warp
tabs” on page 251).

= Hold down [Shift] (by default) to delete warp tabs or
configure another tool modifier in the Preferences dialog
(Editing—Tool Modifiers—AudioWarp tool). To delete a
warp tab, hold down the tool modifier so that the pointer
becomes an eraser and click on the warp tab.

= If you are not satisfied with your changes, you can revert
the timing of the selected segments by choosing the
“Warp Changes” option from the Reset pop-up menu
(see “Reset” on page 252).

Editing Warp tabs

In some cases the beginning of the waveform does not
correspond to the beginning of a segment, e.g. when the
audio starts with non-tonal portions like breath sounds
(see “Understanding the waveform display in VariAudio”
on page 243). If you want to pitch your audio, this is ex-
actly what you want. But when it comes to warping, any
changes you wish to make must affect the waveform as a
whole.

You can of course change the segmentation to achieve
this, but if you want to pitch your audio afterwards, this
would affect also any non-tonal portions of the audio. If
this is not what you want, proceed as follows:

1. Activate Pitch & Warp mode and activate the Snap

button.

In this example the beginning of the first segment does not correspond
to the beginning of the waveform.
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2. Move the mouse pointer over the start of the segment
so that it becomes a double arrow and drag the segment
start to the beginning of the bar.

The segment border will snap to the grid at the exact bar position.

F#3-1ux
14

Now the beginning of the segment matches the beginning
of the bar, but we want the beginning of the waveform to
match the beginning of the bar:

3. Point at the warp handle displayed in the ruler until it
turns to a double arrow and drag it to the beginning of the
waveform.

The background is displayed in orange to indicate which part of the
waveform is affected by the change.
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Now the beginning of the waveform matches the desired
bar position.

Editing warp tabs can also be useful, if you change the
length of a segment that you have already warped. In this
case, editing warp tabs can help you synchronize your au-
dio again.

Reset

This pop-up menu at the bottom of the VariAudio tab allows
you to reset the modifications you performed in Pitch &
Warp mode (pitch modifications, time modifications or
both). It also lets you reset the changes you made in Seg-
ments mode by reanalyzing the audio and returning to the
original segmentation. The following options are available:

Function Description

Pitch Changes If you select this option, pitch changes including micro-
pitch modifications with the tilt micro-pitch tool will be re-
set either for the selected segments (if available) or for

the whole file.

Warp If you select this option, warp changes will be reset.

Changes

Pitch + Warp  If you select this option, pitch, micro-pitch and warp

Changes changes will be reset either for the selected segments (if
available) or for the whole file.

Reanalyze If you select this option, the audio will be reanalyzed and

Audio all your segmentation changes will be reset.

= You can set up key commands for the reset and the re-
analyze function in the Sample Editor category of the Key
commands dialog (see “Key commands” on page 479).
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Listening to your modifications

You can listen to the results of your modifications using
the following methods:

= By activating Acoustic Feedback on the toolbar.

The segments will be played back when you adjust the pitch or while
nudging, navigating and selecting segments. This way you can easily au-
dition your modifications while editing.

= By using the Play tool on the toolbar.

= By using the Audition and the Audition Loop tool on the
toolbar.

= By using cycle playback in the Project window.

If you want to compare the original to the modified audio
(i.e. hear the audio without pitch or warp modifications),
you have the following possibilities:

* You can disable your pitch modifications by activating
the Disable Pitch Changes button in the VariAudio tab or
by setting up and using the “VariAudio: Disable Pitching”
key command in the Key Commands dialog, Sample Edi-
tor category (see “Key commands” on page 479).

* You can disable your warp modifications by activating the
Disable Warp Changes button in the AudioWarp tab or by
setting up and using the “Disable Warping” key command
in the Key Commands dialog, Sample Editor category (see
“Key commands” on page 479).

Functions = Extract MIDI...

If you want to create an identical second voice with a MIDI
Instrument, or print out the notes from within the Score Ed-
itor, you can extract a MIDI part. You can later export the
MIDI part as a MIDI file (see “Exporting and importing stan-
dard MIDI files” on page 464).

= Before extracting MIDI from your audio you should
correct the segmentation, otherwise, you will have to cor-
rect segmentation errors later in the MIDI part. Transition
changes, tilting the micro-pitch curve, pitch quantize and
pitch corrections will be taken into account.

/N The result depends on the quality and the character-
istics of your audio.
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Proceed as follows:

1. Open the Sample Editor by double-clicking your audio
file in the Project window or the Pool.

2. Open the VariAudio tab.

3. Open the Functions pop-up menu and select “Extract
MIDI...".
The “Extract MIDI" dialog opens.

4. Select an Extraction mode in the corresponding pop-
up menu to include or exclude pitchbend events.

Pitchbend events are MIDI controller data that are saved
in a MIDI file and that create pitch transitions between
MIDI notes. The following options are available:

Function Description

Just Notes and  If you select this option, only notes will be included in the

no Pitchbend ~ MIDI part.

Data

Notes and If you select this option, a pitchbend event will be created

Static Pitch- for every segment. Select a Pitchbend value from 1 to 24

bend Data in the Pitchbend Range field. When you are working with
an external MIDI Controller, it might be necessary to set it
to the same value.

Notes and If you select this option, pitchbend events that correspond

Continuous to the micro-pitch curve will be created. Select a Pitch-

Pitchbend bend value from 1 to 24 in the Pitchbend Range field. The

Data setting should correspond to the same value on your MIDI

controller or the VST Instrument being controlled.

Note that although the graphic representation of the
pitchbend curve is smoothed, all pitchbend data are in-
cluded.

5. Open the Destination pop-up menu and select an op-
tion to decide where the MIDI part should be placed.
The following options are available:

Function Description

First Selected  If you select this option, the MIDI part will be placed on

Track the first selected MIDI or Instrument track. Note that any
MIDI parts from previous extractions that are on this track
will be deleted.

New MIDI If you select this option, a new MIDI track will be created

Track for the MIDI part.

Project Clip- If you select this option, the MIDI part is copied to the

board clipboard so that you can insert it at the desired position

on a MIDI or Instrument track in the Project window.

= If you opened the Sample Editor from the Pool and the
audio file does not form part of your project, the MIDI part
will be inserted at the Project start position.
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6. Click OK.
A MIDI part is created.

= If your audio event references only a section of the au-
dio clip, only this range will be extracted.

You can also use a key command to extract your audio as
MIDL. In this case no dialog will be opened and the set-
tings that were used for the previous extraction will be
used instead. For further information on how to set up key
commands, please refer to the chapter “Key commands”
on page 479.

The Sample Editor
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Background

The Audio Part Editor allows you to view and edit the events
inside audio parts. Essentially, this is the same type of edit-
ing that you do in the Project window, which means that
this chapter contains a lot of references to the chapter “The
Project window” on page 25.

Audio parts are created in the Project window in one of
the following ways:

= By selecting one or several audio events on the same
track, and selecting “Events to Part” from the Audio menu.

= By gluing together two or more audio events on the
same track with the Glue Tube tool.

= By drawing an empty part with the Pencil tool.

= By double-clicking between the left and right locator on
an audio track.

With the last two methods, an empty part is created. You can then add
events to the part by pasting, or by using drag and drop from the Pool.

Opening the Audio Part Editor

You open the Audio Part Editor by selecting one or more
audio part(s) in the Project window and double-clicking
on any one of them (or using the Edit-Open key command,
by default [Ctrl]/[[Command]-[E]). The Audio Part Editor
can display several parts at once, and you can also have
more than one Audio Part Editor open at the same time.

= Double-clicking on an audio event in the Project win-
dow will open the Sample Editor (see “Opening the Sam-
ple Editor” on page 220).
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Window overview

< Audio Part Editor: Tractor
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The toolbar

The tools, settings and icons on the toolbar have the same
functionality as in the Project window, with the following
differences:

= A Solo button (see “Auditioning” on page 257).

Separate tools for auditioning (Speaker) and scrubbing (see
“Scrubbing” on page 257).

No Line, Glue Tube or Color tools.

Play and Loop icons and an Audition Volume control (see
“Auditioning” on page 257).

Independent Track Loop settings (see “The independent track
loop function” on page 257).

Part List controls for handling several parts: activating parts
for editing, restricting editing to active parts only and showing
part borders (see “Handling several parts” on page 258).

= You can customize the toolbar by hiding or reordering
its items.
See “Using the Setup options” on page 471.

The ruler and info line

These have the same functionality and appearance as
their counterparts in the Project window.

* You can select a separate display format for the Audio
Part Editor ruler by clicking on the arrow button on the right
and selecting an option from the pop-up menu.

For a list of the available formats, see “The ruler” on page 33.

The Audio Part Editor



About lanes

If you make the editor window larger, this will reveal addi-
tional space below the edited events. This is because an
audio part is divided vertically in lanes.

< Audio Part Editor: SimpleFunkBeat

Lanes can make it easier to work with several audio events
in a part:
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In the upper figure it is unnecessarily hard to discern, se-
lect and edit the separate events. In the lower figure, some
of the events have been moved to another lower lane,
making selection and editing much easier.
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= To move an event to another lane without accidentally
moving it horizontally, press [Ctrl]/[Command] and drag it
up or down.

This is the default modifier key for this — you can adjust this in the Prefe-
rences if you like.

Overlapping events

Only one event per track can be played back at the same
time! This means that if you have overlapping events (on
the same lane or different lanes) these will cut each other
off, according to the following rules:

= For events on the same lane, the ones that are on top
(visible) will be played.

To move overlapping events to the front or back, use the Move to Front
and Move to Back functions on the Edit menu.

= For events on different lanes, the event on the lowest
lane gets playback priority.

The overlapping sections of the upper event will not be played since the
event on the lower lane has playback priority!

Imagine the following situation: You have two overlapping
audio events, with the top event audible during playback.
What happens when you mute the audible event?

= By default, you will not hear the overlapped event when
muting an event that has playback priority over another
event.

This default behavior ensures that you do not suddenly hear audio events
that previously were not part of your mix.

= In the Preferences dialog (Editing—Audio page) you will
find the option “Treat Muted Audio Events like Deleted”.
When you activate this option, any events overlapped by a
muted event will become audible.
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Operations

/N Zooming, selecting and editing in the Audio Part Ed-
itor are done just as in the Project window (see
“Operations” on page 34).

= Note that if a part is a shared copy (i.e. you have previ-
ously copied the part by [Alt]/[Option]-[Shift] and drag-
ging), any editing you perform will affect all shared copies
of this part.

To indicate that it is a shared copy, its name is displayed in italics and a
symbol is displayed in the lower right corner of the part in the Project
window.

Auditioning

There are three ways to listen to the events in the Audio
Part Editor:

By using the Speaker tool

If you click somewhere in the editor’s event display with the
Speaker tool and keep the mouse button pressed, the part
will be played back from the position where you clicked.
Playback will continue until you release the mouse button.

By using the Audition icon

The Audition and Audition Loop icons.

Clicking the Audition icon on the toolbar plays back the
edited audio, according to the following rules:

If you have selected events in the part, only the section bet-
ween the first and last selected event will be played back.

If you have made a range selection, only this section will be
played back.

If there is no selection, the whole part will be played back. If
the project cursor is within the part, playback starts from the
current cursor position. If the cursor is outside the part, play-
back starts from the beginning of the part.

If the Audition Loop icon is activated, playback will continue
until you deactivate the Audition icon. Otherwise, the section
will be played back once.
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* When auditioning with the Speaker tool or Audition
icon, audio will be routed directly to the Control Room
(Cubase only) or to the Main Mix (the default output bus) if
the Control Room is disabled. In Cubase Studio, the Main
Mix bus is always used for auditioning.

By using regular playback

You can of course use the regular playback controls while
in the Audio Part Editor. Furthermore, if you activate the
Solo Editor button on the toolbar, only the events in the
edited part will be played back.

The independent track loop function

The independent track loop is a sort of “mini-cycle”, affect-
ing only the edited part. When the loop is activated, the
events in the parts that are within the loop will be repeated
continuously and completely independent — other events
(on other tracks) are played back as usual. The only “inter-
action” between the loop and the “regular playback” is that
the loop starts every time the cycle starts over again.

To set up the independent track loop, proceed as follows:

1. Turn on the loop by clicking the Independent Track
Loop button on the toolbar.

If it is not visible, right-click the toolbar and add the Independent Track
Loop Settings section — see “Using the Setup options” on page 471.

=

Fircy e
Independent Track Loogp [

When the loop is activated, the cycle is not shown in the
editor’s ruler. Now you need to specify the length of the
loop:

2. [Ctrl]/[Command]-click in the ruler to set the start and
[Alt]/[Option]-click to set the end of the loop.

You can also edit the loop start and end positions numerically in the
fields next to the Loop button.

The loop is indicated in purple in the ruler.

= The events will be looped as long as the Loop button
is activated and the Audio Part Editor window is open.

Scrubbing

In the Audio Part Editor, the Scrub tool has a separate icon
on the toolbar. Apart from that, scrubbing works exactly as
in the Project window (see “Scrubbing” on page 43).
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Handling several parts

When you open the Audio Part Editor with several parts se-
lected — all on the same track or on different tracks — they
might not all “fit" in the editor window, which can make it
hard to get an overview of the different parts when editing.

Therefore, the toolbar features a few functions to make
working with multiple parts easier and more comprehen-
sive:

= The Part List menu lists all parts that were selected
when you opened the editor, and lets you select which
part should be active for editing.

When you select a part from the list, it is automatically made active and
centered in the display.

B v Vogel: Bi Een Beek
SimpleFunkBeat

= Note that it is also possible to activate a part by click-
ing on it with the Arrow tool.

= The button “Edit Active Part Only” lets you restrict edit-
ing operations to the active part only.

If you for example select “All" from the Select submenu on the Edit menu
with this option activated, all events in the active part will be selected but
not the events in other parts.

@0

part list
s

Edit Active Part Only

“Edit Active Part Only” activated on the toolbar.

= You can zoom in on an active part so that it fills the
screen by selecting “Zoom to Event” from the Zoom sub-
menu on the Edit menu.

* The button “Show Part Borders” can be used if you
want to see clearly defined borders for the active part.
When this is activated, all parts except the active one are grayed out,
making the borders easily discernible. There are also two “markers” in
the ruler with the name of the active part, marking its beginning and end.
These can be moved freely to change the part borders.

part list

Tractor il dL

mE

Showe Part Borders

“Show Part Borders” activated on the toolbar.
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= It is possible to cycle between parts, making them ac-
tive using key commands.

In the Key Commands dialog — Edit category, there are two functions:
“Activate Next Part” and “Activate Previous Part”. If you assign key com-
mands to these, you can use them to cycle between parts. See “Setting
up key commands” on page 480 for instructions on how to set up key
commands.

Common methods

Assembling a “perfect take”

When you record audio in Cycle mode, either an event or
a region (or both) is created for each recorded lap (see
“Recording audio in cycle mode” on page 75). These
events and regions are named “Take X", where “X" is the
number of the take. You can create a perfect take by put-
ting together sections of the different takes in the Audio
Part Editor.

= The procedure below will not work if you recorded
with “Keep Last” mode selected on the Transport panel.
In that case, only the last take will be kept on the track (although the pre-
vious takes will be available as regions in the Pool).

First, you have to create an audio part from the takes. This
procedure is slightly different depending on whether you
choose to create events or regions.

Creating an audio part from events

1. Inthe Project window, use the Object Selection tool to
draw a rectangle around the recorded events.

This is necessary, since clicking on the event may just select the event on
top (the last take). If in doubt, check the info line — the info text should be
yellow.

2. Pull down the Audio menu and select “Events to Part”.
The events are converted to an audio part.

= Note that the events cycle record mode also makes it
easy to combine different takes in the Project window —
see “Create Events mode (Preferences)” on page 76.
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Creating an audio part from regions

1. Inthe Project window, select the event you recorded in
Cycle mode.
After recording, this will play the last take.

2. Pull down the Audio menu and select “Events to Part”.
You are asked whether you want to “Create part using regions”.

3. Click “Regions”.

The regions are converted to an audio part.

Assembling a take

1. Double-click the part to open the Audio Part Editor.
Now, the different takes will be placed on different lanes, with the last
take at the bottom.

2. Use the tools to cut out pieces of the takes and as-
semble the final result.

This can include splitting with the Scissors tool, resizing events with the
Arrow tool or deleting with the Eraser tool.

* Remember that the events on the lowest lane have play-
back priority.

Use the Audition icon to audition the result.

3. Close the Audio Part Editor.

You have now assembled a “perfect take”!
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Options and Settings

The following options and settings are available in the
Audio Part Editor:

= Snap

You can specify an independent Snap mode (and snap value for the Grid
mode) in the editor. The functionality is exactly the same as in the Project
window.

= Autoscroll

When Autoscroll is activated on the toolbar, the window will scroll during
playback, keeping the project cursor visible in the editor. This setting can
be activated or deactivated individually for each window.

= Snap to Zero Crossing

When this option is activated, all audio edits are done at zero crossings
(positions in the audio where the amplitude is zero). This helps you avoid
pops and clicks which might otherwise be caused by sudden amplitude
changes.

The Audio Part Editor
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Background

Every time you record on an audio track, a file is created
on your hard disk. A reference to this file — a clip — is also
added to the Pool. Two general rules apply to the Pool:

= All audio and video clips that belong to a project are
listed in the Pool.

= There is a separate Pool for every project.

The way the Pool displays folders and their contents is
similar to the way the Mac OS X Finder and the Windows
Explorer display folders and lists of files.

In the Pool you can, among other things, perform the fol-
lowing operations:

Operations that affect files on disk

* Importing clips (audio files can automatically be copied and/or
converted)

= Converting file formats.

* Renaming clips (this will also rename the referenced files on
disk) and regions

* Deleting clips

* Preparing file archives for backup

* Minimizing files

Operations that only affect clips

= Copying clips

= Auditioning clips

* Organizing clips

= Applying audio processing to clips

= Saving or importing complete Pool files

Opening the Pool
You can open the Pool in any of the following ways:

= By clicking the Open Pool button on the Project win-
dow toolbar.

of

I

= By selecting “Pool” on the Project menu or “Open Pool
Window" on the Media menu.

= By using a key command (by default [Ctrl]]/[Command]-
[P] — note that using this key command a second time will
close the Pool again).
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The content of the Pool is divided into three main folders:

= The Audio folder
This contains all audio clips and regions currently in the project.

= The Video folder

This contains all video clips currently in the project.

* The Trash folder
Unused clips can be moved into the Trash folder for later permanent re-
moval from the hard disk.

These folders cannot be renamed or deleted from the Pool,
but any number of subfolders can be added (see “Organi-
zing clips and folders” on page 270).

Window overview

Audio clip

Audio folder Region
A

12000 44100 kHz
12000 44100 kHz
8320 44100KHz
12036 44.100KHz
Start 0 End 972284

Start 0 End 1871873 (Frames|

Start 0 End 4220801 (Frames|

Trash folder

Video folder

Waveform image

Toolbar overview

Show Info
button

View/Attributes
pop-up

Open/Close all
folders

Project Folder

| impot_ S

Fool

Import and Search
buttons

Pool Record
Folder path

Audition, Audition Loop, and
Volume controls
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The info line

Click the “Show Info" button on the toolbar to show or
hide the info line at the bottom of the Pool window. It
shows the following information:

Total size of all audio files in
the Pool

Number of audio files in
the Pool

B External Files: 1

Number of files in the Pool that are not in
the project folder (e.g. video files)

Number of audio files
in use

How clips and regions are displayed in the
Pool

= Audio clips are represented by a waveform icon followed by
the clip name.

|- ¢ Guitars2

= Audio regions are represented by a region icon followed by
the region name.

—-[F5 Region1

= Video clips are represented by a camera icon followed by the
clip name.

e Video

The Pool window columns

Various information about the clips and regions can be
viewed in the Pool window columns. The columns contain
the following information:

Column Description

Media This column contains the Audio, Video and Trash folders. If
the folders are opened, the clip or region names are shown
and can be edited. This column is always shown.

Used This column displays the number of times a clip is used in
the project. If there is no entry in this column, the corre-
sponding clip is not used.

Status This column displays various icons that relate to the cur-
rent Pool and clip status. See “About the Status column
symbols” on page 262 for a description of the icons.

Musical Mode  The checkbox in this column allows you to activate or de-

activate Musical Mode. If the Tempo column (see below)
displays “??7?", you have to enter the correct tempo be-
fore you can activate Musical Mode.

Column Description

Tempo This shows the tempo of audio files, if available. If no

tempo has been specified, the column displays “??7?".
Sign. This is the time signature, e.g. “4/4".
Key This is the root key, if one was specified for the file.

Info This column shows the following information for audio
clips: The sample rate, bit resolution, number of channels
and the length in seconds. For regions, it displays start
and end times in frames, and for video clips the frame
rate, number of frames, and length in seconds.

Type This column shows the file format of the clip.

Date This column shows the date and time when the audio file
was last changed.
Origin Time This column shows the original start position where a clip
was recorded in the project. As this value can be used as
a basis for the option “Insert into Project” in the Media or
context menu (and other functions), you can change it if
the Origin Time value is independent (i.e. not for regions).
This can either be done by editing the value in the col-
umn, or by selecting the corresponding clip in the Pool,
moving the project cursor to the new desired position
and selecting “Update Origin” from the Audio menu.

Image This column displays waveform images of audio clips or

regions.

Path This column shows the path to the location of a clip on
the hard disk.

Reel Name If you have imported an OMF file (see “Exporting and im-
porting OMF files (Cubase only)” on page 462), it may in-
clude this attribute, which is then shown in this column.

The Reel Name describes the “physical” reel or tape from

which the media was originally captured.

About the Status column symbols

The Status column can display various symbols that relate
to the clips status. The following symbols can be shown:

Symbol Description
— This indicates the current Pool Record folder (see
“Changing the Pool Record folder” on page 269).
E This symbol is shown if a clip has been processed.
o The question mark indicates that a clip is referenced in
' the project but missing from the Pool (see “About mis-
sing files” on page 266).
This indicates that the clip file is external, i.e. located out-
side the current Audio folder for the project.
R This indicates that the clip has been recorded in the cur-
1

rently open version of the project. This is useful for finding
recently recorded clips quickly.
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Sorting the Pool contents

You can sort the clips in the Pool by name, date etc. This
is done by clicking on the corresponding column heading.
Clicking again on the same heading switches between as-
cending and descending sort order.

The arrow indicates the sort

3 i
column and sort order. € Pool - Mixing 1.cpr

Aftributes

E cella_chords
E drurms

Customizing the view

* You can specify which of the columns are shown or hid-
den by opening the View/Attributes pop-up menu on the
toolbar and selecting/deselecting items.

€ Pool - Mixing 1.cpr

tes

Use Count

el

Status
Musical Mode
Tempo
Signature
Roat Key
Algorithm
Infa

Type

Date
Qrigin Time
Image
Fath

Feel Name
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* You can rearrange the order of the columns by clicking
on a column heading and dragging the column to the left
or right.
The mouse pointer changes to a hand when you place it on the column
heading.

= The width of a column can also be adjusted by placing
the pointer between two column headers and dragging
left or right.

The pointer changes to a divider when you place it between two column
headers.

Image HhStatus
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Operations

= Most of the Pool-related main menu functions are also
available on the Pool context menu (opened by right-click-
ing in the Pool window).

Renaming clips or regions in the Pool

To rename a clip or a region in the Pool, select it and click
on the existing name, type in a new name and press
[Return].

= This will also rename the referenced files on disk!

/N Renaming a clip in the Pool is much preferred to re-
naming it outside Cubase (for example on the com-
puter desktop). This way, Cubase already “knows”
about the change, and will not lose track of the clip
the next time you open the project. See “About mis-
sing files” on page 266 for details about lost files.

Duplicating clips in the Pool
To duplicate a clip, proceed as follows:

1. Select the clip you wish to copy.

2. Select “New Version” on the Media menu.

A new version of the clip appears in the same Pool folder, with the same
name but with a “version number” after it, to indicate that the new clip is
a duplicate. The first copy made of a clip will get the version number “2"
and so on. Regions within a clip are copied too, but keep their name.

/N Duplicating a clip does not create a new file on disk,
but a new edit version of the clip (referring to the
same audio file).

Inserting clips into a project
To insert a clip into a project, you can either use the Insert
commands on the Media menu or use drag and drop.

Using menu commands
Proceed as follows:

1. Select the clip(s) you want to insert into the project.

2. Pull down the Media menu and select an “Insert into
Project” option.

“At Cursor” will insert the clip(s) at the current project cursor position.
“At Origin” will insert the clip(s) at their Origin Time position(s).
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= Note that the clip will be positioned so that its snap
point is aligned with the selected insert position.

You can also open the Sample Editor for a clip by double-clicking it, and
perform the insert operation from there. This way you can set the snap
point before inserting a clip.

3. The clip is inserted on the selected track or on a new
audio track.

If several tracks are selected, the clip will be inserted on the first selected
track.

Using drag and drop

When using drag and drop to insert clips into the Project
window, please note the following:

= Snap is taken into account if activated.

= While you drag the clip in the Project window, its posi-
tion is indicated by a marker line and a numerical position
box.

Note that these indicate the position of the snap point in the clip. For ex-
ample, if you drop the clip at the position 10.00, this will be where the snap
point ends up. See “Adjusting the snap point” on page 226 for information
on how to set the snap point.

ED:DD

= If you position the clip in an empty area in the event dis-
play (i.e. below existing tracks), a new track is created for
the inserted event.

| —— Snap point

Deleting clips
Removing clips from the Pool

To remove a clip from the Pool without deleting it from the
hard disk, proceed as follows:

1. Select the clip(s) and select “Delete” from the Edit
menu (or press [Backspace] or [Delete]).

A prompt asks whether you want to move the clip to the Trash or remove
it from the Pool.

= If you try to delete a clip that is used by one or more
events, the program will ask you whether to remove these
events from the project.
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The zelection iz used in the project!
Do you want to remove all occurrences from the project ?

Remove Cancel

If you cancel, neither the clip nor the associated events are deleted.

2. In the window that appears, select “Remove from
Pool”.

The clip is no longer associated with the project, but still exists on the hard
disk and can be used in other projects, etc. This operation can be undone.

Deleting from the hard disk

To delete a file permanently from the hard disk, it must first
be moved to the Trash folder:

1. Follow the instructions for deleting clips above, but
click the Trash button instead of the Remove from Pool
button.

Alternatively, you can drag and drop clips into the Trash folder.

2. On the Media menu, select “Empty Trash”.
A warning message is displayed.

3. Click “Erase” to delete the file on the hard disk perma-
nently.
This operation cannot be undone!

/N Before you permanently delete audio files from the
hard disk, make sure that they are not used by an-
other project!

= To retrieve a clip or region from the Trash folder, drag
it back into an Audio or Video folder.

Removing unused clips

This function finds all clips in the Pool that are not used in
the project. You can then decide whether to move them to
the Trash folder (from where they can be permanently de-
leted) or to remove them from the Pool:

1. Select “Remove Unused Media” on the Media or con-
text menu.

A message appears asking you whether you want to move the file to the
Trash or to remove it from the Pool.

2. Make your selection.

The Pool



Removing regions

To remove a region from the Pool, select it and select “De-
lete” from the Edit menu (or press [Backspace] or [Delete]).

= For regions there is no alert if the region is used in the
project!

Locating events and clips

Locating events via clips in the Pool

If you want to find out which events in the project refer to a
particular clip in the Pool, proceed as follows:

1. Select one or more clips in the Pool.

2. Select “Select in Project” on the Media menu.
All events that refer to the selected clip(s) are now selected in the Pro-
ject window.

Locating clips via events in the Project window

If you want to find the clips events in the Project window,
proceed as follows:

1. Select one or more events in the Project window.

2. Pull down the Audio menu and select “Find Selected
in Pool".
The corresponding clip(s) are located and highlighted in the Pool.

Searching for audio files

The search functions can help you locate audio files in the
Pool, on your hard disk or on other media. This works
much like the regular file search, but with a couple of extra
features:

1. Click the Search button in the toolbar.
A search pane appears at the bottom of the window, displaying the
search functions.
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The search pane in the Pool
By default, the search parameters available in the search

pane are “Name”" and “Location”. For using other filter cri-
teria, see “Extended Search functionality” on page 265.
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2. Specify the name of the file(s) to search for in the
Name field.

You can use partial names or wildcards (*). Note that only audio files of
the supported formats will be found.

3. Use the Location pop-up menu to specify where to
search.
The pop-up menu will list all your local drives and removable media.

= If you want to limit the search to certain folders, choose
“Select Search Path" and select the desired folder in the
dialog that appears.

The search will include the selected folder and all subfolders. Note also
that folders you have recently selected using the “Select Search Path”
function will appear on the pop-up menu, allowing you to quickly select
them again.

4. Click the Search button.
The search is started and the Search button is labeled Stop - click this
to cancel the search if needed.

When the search is finished, the files found are listed to
the right.

= To audition a file, select it in the list and use the play-
back controls to the left (Play, Stop, Pause and Loop).
If Auto Play is activated, selected files will automatically be played back.

= To import a file into the Pool, double-click on it in the list
or select it and click the Import button.

5. To close the search pane, click the Search button in
the toolbar again.
Extended Search functionality

Apart from the search criterion Name, additional search fil-
ters are available. The Extended Search options allows for
a very detailed search, helping you to master even the
largest sound database.

To use them, proceed as follows:

1. Click the Search button on the toolbar.
The Search pane is displayed in the lower part of the Pool window.
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2. Move the mouse pointer over the “Name” text to the
right of the name field and click on the arrow that appears.

I e o D e
the “Name" text to the right of
L -| Location the name field and click...
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Narr

_ Name w h ...to show the Extended
Search Poo v Name % Search pop-up menu.
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3. The Extended Search pop-up menu opens.

It contains six options determining which search criterion is displayed
above the Location field (Name, Size, Bitsize, Channels, Sample Rate or
Date), as well as the Add Filter and Presets submenus.

The search criteria have the following parameters:

Name: partial names or wildcards (*)

Size: Less than, More than, Equal, Between (two values), in
seconds, minutes, hours and bytes

Bitsize (resolution): 8, 16, 32, 64

Channels: Mono, Stereo and from 3 to 16

Sample Rate: various values, choose “Other” for free setting
Date: various search ranges

4. Select one of the search criteria in the pop-up menu to
change the search option above the Location pop-up
menu.

5. If you want to display more search options, select the
desired element from the “Add filter" submenu.

This allows you, for example, to add the Size or the Sample Rate parame-
ters to the already displayed Name and Location parameters.

Add filker ¥ Mame
N " R Size
resets
Bitsize

Channels %

Sample Rate

Date
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= You can save presets of your search filter settings. To
do this, click Save Preset on the Presets submenu and
enter a name for the preset.

|

b ok Save Presst
(JRemove Preset

Presets

2

poolsearchi
v poolsearch2

Existing presets can be found at the bottom of the list. To remove a pre-
set, click on the preset to activate it, then select Remove Preset.

The Find Media window

Alternatively to the search pane in the Pool, you can open a
stand-alone Find Media window by selecting the “Search
Media..."” option from the Media or context menu (also
available from the Project window). This offers the same
functionality as the search pane.

= To insert a clip or region directly into the project from
the Find Media window, select it in the list and choose one
of the “Insert into Project” options from the Media menu.
The options are described in the section “Inserting clips into a project”
on page 263.

About missing files

When you open a project, the Resolve Missing Files dialog
(see below) may open, warning you that one or more files
are “missing”. If you click Close, the project will open any-
way, without the missing files. In the Pool, you can check
which files are considered missing. This is indicated by a
question mark in the Status column.

A file is considered missing under one of the following
conditions:

= The file has been moved or renamed outside the pro-
gram since the last time you worked with the project, and
you ignored the Resolve Missing Files dialog when you
opened the project for the current session.

* You have moved or renamed the file outside the pro-
gram during the current session.

* You have moved or renamed the folder in which the
missing files are located.

The Pool



Locate missing files

1. Select “Find Missing Files” from the Media or context
menu.
The Resolve Missing Files dialog opens.

¢ Resalve Missing Files

Mizsing Files:

C:hmy projectzibudioheelo_chords way

Locate ] [ Folder ] [ Search ] I Close I

e N

2. Decide if you want the program to try to find the file for
you (Search), if you want to do it yourself (Locate) or if you
want to specify in which directory the program should
search for the file (Folder).

= If you select Locate, a file dialog opens, allowing you to
locate the file manually.
Select the file and click “Open”.

= If you select Folder, a dialog opens to let you specify the
directory in which the missing file can be found.

This might be the preferred method if you have renamed or moved the
folder containing the missing file, but the file still has the same name.
Once you select the correct folder, the program finds the file and you can
close the dialog.

= If you select Search, a dialog opens to let you specify
which folder or disk should be scanned by the program.
Click the Search Folder button, select a directory or a disk and click the
Start button. If found, select the file from the list and click “Accept”.
Afterwards Cubase tries to map all other missing files automatically.

Reconstructing missing edit files

If a missing file cannot be found (e.g. if you have acciden-
tally deleted it from the hard disk), it will normally be indi-
cated with a question mark in the Status column in the
Pool. However, if the missing file is an edit file (a file cre-
ated when you process audio, stored in the Edits folder
within the project folder), it may be possible for the pro-
gram to reconstruct it by recreating the editing to the orig-
inal audio file.
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Proceed as follows:

1. Open the Pool and locate the clip(s) for which files are
missing.

2. Check the Status column — if it says “Reconstruct-
ible”, the file can be reconstructed by Cubase.

3. Select the reconstructible clips and select “Recon-
struct” from the Media menu.
The editing is performed and the edit files are recreated.

Removing missing files from the Pool

If the Pool contains audio files that cannot be found or re-
constructed, you may want to remove these. For this, select
“Remove Missing Files" from the Media or context menu.
This will remove all missing files from the Pool as well as the
corresponding events from the Project window.

Auditioning clips in the Pool
There are three ways to audition clips in the Pool:

= By using key commands.

If you activate the “Playback Toggle triggers Local Preview" option in the
Preferences (Transport page), you can use [Space] to audition. This is
the same as clicking the Audition icon on the toolbar.

= By selecting a clip and activating the Audition button.
The whole clip will play back, unless you stop playback by clicking the
Audition button again.

= By clicking somewhere in the waveform image for a clip.
The clip will play from the position in the waveform you click until the end
of the clip, unless you stop playback by clicking the Audition button, or
by clicking anywhere else in the Pool window.
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Click in the waveform image to audition a clip.
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The audio is routed directly to the Control Room, if acti-
vated (Cubase only). When the Control Room is deacti-
vated, the audio is routed to the Main Mix (the default
output) bus, bypassing the audio channel’s settings, ef-
fects and EQs. In Cubase Studio, the Main Mix bus is al-
ways used for auditioning.

= You can adjust the auditioning level with the miniature
level fader on the toolbar. This does not affect the regular
playback level.
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If you have activated the Audition Loop button before you
audition, the following will happen:

= When you click the Audition button to audition a clip,
the clip is repeated indefinitely until you stop playback by
clicking the Audition or Audition Loop button again.

= When you click in the waveform image to audition, the
section from the point you clicked to the end of the clip is
repeated indefinitely until you stop playback.

Opening clips in the Sample Editor

The Sample Editor allows you to perform detailed editing
on the clip (see “The Sample Editor” on page 219). You
can open clips in the Sample Editor directly from the Pool
in the following ways:

= If you double-click a clip waveform icon or a clip name
in the Media column, the clip opens in the Sample Editor.

= If you double-click a region in the Pool, its clip opens in
the Sample Editor with the region selected.

One practical use for this is to set a snap point for a clip
(see “Adjusting the snap point” on page 226). When you
later insert the clip from the Pool into the project, you can

have it be properly aligned according to the set snap point.

About the Import Medium dialog

The Import Medium dialog lets you import files directly into
the Pool. It is opened from the Media or context menu or
using the Import button in the Pool window.

o fudid ~ @ F e Er

@] Audio-01.wav

@] Audio-0z.wav

S1CD Track 04, waw

&1CD Track 05 way

File name, Audio01.wav v
Files of type Al Types: [“wav:* ail~aifc:"al." 502 opg."n[ v

rENe
1:00 200
™ Auto Play

Eroadcast Wave File
44100 kHz - 24 bits Stereo
244 m- 41 5MB

268

This is a standard file dialog, where you can navigate to
other folders, audition files, etc. The following audio file
formats can be imported:

= Wave (Normal or Broadcast, see “Broadcast Wave files” on
page 424)

= AIFF and AIFC (Compressed AIFF)

* REX or REX 2 (see “Importing ReCycle files” on page 461)

* Dolby Digital AC3 file (ac3 - if you have the Steinberg Dolby
Digital Encoder installed in your system) — Cubase only

« DTS file (dts - if you have the Steinberg DTS Encoder in-
stalled in your system) — Cubase only

* SD2 (Sound Designer II)

* MPEG Layer 2 and Layer 3 (mp2 and mp3 files — see “Impor-
ting compressed audio files” on page 461)

* Ogg Vorbis (ogg files — see “Importing compressed audio
files” on page 461)

* Windows Media Audio (Windows — see “Importing com-
pressed audio files” on page 461)

* Wave 64 (w64 files — Cubase only)

They may have the following characteristics:

= Stereo or mono

* Any sample rate (although files with another sample rate than
the one used in the project will play back at the wrong speed
and pitch - see below).

= 8, 16, 24 bit or 32 bit float resolution

The following videos formats can also be imported:

= AVI (Audio Video Interleaved)
= MOV and QT (QuickTime)

= WMV (Windows only)

* DV (Mac OS X only)

* MPEG 1 and 2 video files

/N For video files to be played back correctly, the right
codecs have to be installed.

= ltis also possible to use the commands on the Import
submenu on the File menu to import audio or video files
into the Pool.
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When you select a file in the Import Medium dialog and
click Open, the Import Options dialog opens:

¢ Import Options: brass_loop_006

Copy File to ‘Woarking Directary

Corvert to Project:
Sample Fate [44.100 kHz to 48.000 kHz)
B Gomple Size
n Split channels

M Do not Ask again

[

Ok

JI

Cancel

It contains the following options:

= Copy File to Working Directory

Activate this if you want a copy of the file to be made in the Audio folder
of the project, and have the clip refer to this copy. If the option is off, the
clip will refer to the original file in the original location (and will thus be
marked as “external” in the Pool — see “About the Status column sym-
bols" on page 262).

= Convert to Project section

Here you can choose to convert the sample rate (if the sample rate is dif-
ferent than the one set for the project) or the sample size, i.e. resolution
(if the sample size is lower than the record format used in the project).
The options are only available if necessary. Note that if you are importing
several audio files at once, the Import Options dialog will instead contain
a “Convert and Copy to Project if needed” checkbox. When this is acti-
vated, the imported files will be converted only if the sample rate is differ-
ent or the sample size is lower than the project's.

= Split channels/Split multi-channel files

If this is activated, stereo and multi-channel files are split into a correspon-
ding number of mono files — one for each channel — and these will be im-
ported into the Pool. Note that if you use this option, the imported files will
always be copied to the Audio folder of the project, as described above.

= Do not Ask again

If this is activated, files will always be imported according to the settings
you have made, without this dialog appearing. This can be reset in the
Preferences (Editing—Audio page).

= You can always convert files later by using the Convert
Files (see “Convert Files” on page 272) or Conform Files
(see “Conform Files” on page 272) options.
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About the Import Audio CD dialog

You can import tracks (or sections of tracks) from an au-
dio CD directly into the Pool by using the “Import Audio
CD..." function on the Media menu. This opens a dialog in
which you can specify which tracks should be copied from
the CD, converted to audio files and added to the Pool.

For details about the Import from Audio CD dialog, see
“Importing audio CD tracks” on page 459.

Exporting regions as audio files

If you have created regions within an audio clip (see “Wor-
king with regions” on page 228), these can be exported as
separate audio files. To create a new audio file from a re-
gion, proceed as follows:

1. Inthe Pool, select the region you wish to export.

2. On the Audio menu, select “Bounce Selection”.
A browser dialog opens.

3. Select the folder in which you want the new file to be
created.

A new audio file is created in the specified folder. The file will have the
name of the region and will automatically be added to the Pool.

= If you have two clips that refer to the same audio file
(different “versions” of clips, e.g. created with the “Convert
to Real Copy” function), you can use the Bounce Selection
function to create a new, separate file for the copied clip.
Select the clip, select Bounce Selection and enter a location and name
for the new file.

Changing the Pool Record folder

The Pool Record folder

All audio clips that you record in the project will end up in
the Pool Record folder. The Pool Record folder is indicated
by the text “Record” in the Status column and by a red dot
on the folder itself. By default, this is the main Audio folder.
You can, however, at any time create a new Audio sub-
folder and designate this as your Pool Record folder.
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To do this, proceed as follows:

1. Select the Audio folder or any audio clip.
You cannot designate the Video folder (or any of its subfolders) as the
Pool Record folder.

2. Select “Create Folder” on the Media or context menu.
A new empty subfolder named “New Folder" appears in the Pool.

3. Select the new folder and rename it as desired.

4. Select “Set Pool Record Folder” on the Media or con-
text menu, or click in the Status column of the new folder.
The new folder now becomes the Pool Record folder, and any audio re-
corded in the project will be saved in this folder.

Organizing clips and folders

If you accumulate a large number of clips in the Pool, it
may sometimes be difficult to quickly find specific items. In
such cases, organizing clips in new subfolders with suit-
able names that reflect the content can be a solution. For
example, you could put all sound effects in one folder, all
lead vocals in another, etc. Proceed as follows:

1. Select the type of folder, audio or video, for which you
want to create a subfolder.
You cannot put audio clips in a video folder and vice versa.

2. Select “Create Folder” on the Media or context menu.
A new empty subfolder named “New Folder" appears in the Pool.

3. Rename the folder as desired.

4. Drag and drop the clips you wish to move to the new
folder.

5. Repeat steps 1—-4 as necessary.

Applying processing to clips in the Pool

You can apply audio processing to clips from within the
Pool in the same way as to events in the Project window.
Simply select the clip(s) and choose a processing method
from the Audio menu. To find out more about audio pro-
cessing, see the chapter “Audio processing and functions”
on page 204.
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Undoing processing

If you have applied processing to a clip, in the Project win-
dow, the Sample Editor, or in the Pool, this is indicated by
the red and gray waveform symbol in the Status column.
This processing can always be undone using the Offline
Process History, see “The Offline Process History dialog”
on page 214.

Freeze Edits

You can use the Freeze Edits function to create a new file
with processing applied or to replace the original with a
processed version, see “Freeze Edits” on page 215.

Minimize File

The option “Minimize File” on the Media or context menu
allows you shrink the audio files according to the size of
the audio clips referenced in a project. The files produced
using this option only contain the audio file portions actu-
ally used in the project. This can significantly reduce the
size of the project, if large portions of the audio files are
unused. Therefore, the option is useful for archiving pur-
poses after you have completed a project.

= This operation will permanently alter the selected au-
dio files in the Pool. This cannot be undone!

If this is not what you want, you can use the option “Back up Project” on
the File menu instead, see “Back up Project” on page 458. This function
also has the option of minimizing files, but copies all files into a new
folder, leaving the original project untouched.

Proceed as follows:

1. Select the file(s) you wish to minimize.

2. Select “Minimize File" on the Media menu.
An alert appears, informing you that the entire Edit History will be cleared.
Click Minimize to proceed or Cancel to stop the process.

3. After the minimizing is finished, another alert appears,
because the file references in the stored project have be-
come invalid.

Click Save Now to save the updated project or click Later to proceed
with the unsaved project.

Only the audio portions actually used in the project remain
in the corresponding audio file(s) in the Pool Record folder.
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Prepare Archive

The option “Prepare Archive” on the Media menu is useful
if you want to archive a project. It verifies that every clip
referenced in the project is located in the same folder, and
takes actions if that is not the case:

= Any files that are located outside the current project
folder will be copied into it.

Please note that audio files residing within the project folder will not be
copied to the audio folder. You will therefore have to copy them there
manually before backing up the audio folder or save them separately dur-
ing backup, see below.

= If any processing has been applied, you will be asked
whether you want to Freeze Edits.

If you do this, you do not have to archive the Edits folder. Everything be-
longing to the project will be contained in the project file and the Audio
folder.

Once you have performed a Prepare Archive, you can copy
the project file, the Audio folder and any other audio mate-
rial you saved in the project folder to a different location,
e.g. a backup disk.

It is not necessary to archive the Images folder, since
these Images can be recreated by Cubase. You may also
find a file with the extension “.csh” in the project folder.
This contains image information for edited clips and other
data that can be recreated, so it can safely be deleted.

/N Video clips are always referenced and not stored in
the project folder.
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Importing and exporting Pool files
(Cubase only)

You can import or export a Pool as a separate file (file ex-
tension “.npl"), by using the “Import Pool” and “Export
Pool” options on the Media or context menu.

When you import a Pool file, the file references in it are
“added"” to the current Pool.

= Since the audio and video files are only referenced but
not saved in the Pool file, the Pool import is only useful if
you have access to all referenced files (which preferably
should have the same file paths as when the Pool was
saved).

You can also save and open libraries. These are stand-
alone Pool files that are not associated with a project.

Working with libraries (Cubase only)

You can use libraries to store sound effects, loops, video
clips, etc., and transfer media from a library into a project
by using drag and drop. The following library functions are
available on the File menu:

New Library

Creates a new library. Just as when creating new projects,
you will be asked to specify a project folder for the new li-
brary (in which media files will be stored). The library will
show up as a separate Pool window in Cubase.

Open Library

Opens a file dialog for opening a saved library file.

Save Library

Opens a file dialog for saving the library file (file extension
“.np|").
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Convert Files
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Selecting the option “Convert Files” on the Media or con-
text menu opens the Convert Options dialog which oper-
ates on selected files. Use the pop-up menus to specify
which audio file attributes you want to keep and which you
want to convert. The available settings are:

= Sample Rate
Keep as is, or convert to a sample rate between 8.000 and 96.000 kHz.

= Sample Width
Keep the sample width (resolution) as is, or convert to 16 Bit, 24 Bit or
32 Bit Float.

= Channels
Keep as is, or convert the file to Mono or Stereo Interleaved.

* File Format

Keep as is, or convert to Wave, AIFF, Wave 64 or Broadcast Wave format.

Options

When you convert a file, you can use the Options pop-up
to set one of the following options regarding what to do
with the new file:

Option Description

New Files Creates a copy of the file in the audio folder and converts
this new file according to the chosen attributes. The new
file is added to the Pool, but all clip references will still

point to the original, unconverted file.

Replace Files  Converts the original file without changing clip refer-

ences. The references are however saved with the next

save action.
New + Creates a new copy with the chosen attributes, replaces
Replace in the original file with the new one in the Pool and redirects

Pool the current clip references from the original file to the
new file. This is the option to select if you want your audio
clips to refer to the converted file, but still want to keep
the original file on disk (e.g. if the file is used in other
projects).

Conform Files

By using this command, you will change all selected files
that have different file attributes than what is specified for
the project, to conform to this standard.

Proceed as follows:
1. Select the clips in the Pool.

2. Select “Conform Files” on the Media menu.
A dialog opens allowing you to choose between keeping or replacing the
original unconverted files in the Pool.

The following applies:

= Clip/event references in the pool are always redirected to the
conformed files.

= If any “keep" option is selected, original files remain in the Pro-
ject’s Audio folder and new files are created.

= If you select the “Replace” option, files in the Pool and in the
Project's Audio folder are replaced.

Extract Audio from Video File

This Media menu item allows you to extract the audio from
a video file on disk. It automatically generates a new audio
clip that will appear in the Pool Record folder. The result-
ing clip will have the following properties:

= It will get the same file format and sample rate/width as
in the current project.

= It will get the same name as the video file.

= This function is not available for .mpeg video files.
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Introduction

One of the biggest challenges in typical computer-based
music production environments is how to manage the ever-
growing number of plug-ins, instruments, presets, etc. from
multiple sources. With VST Sound, Cubase offers a com-
prehensive system to organize sounds and sound-related
files, with the powerful MediaBay at its core.

What is VST Sound?

With version 4.5, Steinberg introduced VST Sound, a new
version of the Media Management System that is directly in-
tegrated into VST3 and that has now replaced the Sound-
Frame concept. VST Sound allows direct integration into
the MediaBay to third party manufacturers of plug-ins and
instruments, and encompasses all formats and file types
previously supported by SoundFrame such as audio loops,
VSTi presets, video, MIDI files and track presets.

VST Sound in Cubase links the following features:

* The MediaBay

The MediaBay is a universal Media Management System providing differ-
ent views that allow you to find and tag media files, quickly import media
files into projects and more.

= VST Sound Loops

In Cubase, you can add meta data for category, style, character and
other information to audio and MIDI loops, thus converting them into VST
Sound loops that can easily be managed with the MediaBay.

= VST3 Presets

Cubase makes use of VST presets as an additional way to apply sounds
to instrument tracks and effects to audio tracks (see “Previewing MIDI,
instrument and VST presets independently of tracks” on page 293).
Plug-in parameters can be saved as VST presets, and you can also gen-
erate VST presets (i.e. sounds) from VST2 Instruments.

= Track presets

Track presets are a combination of track settings, effects and mixer set-
tings that can be applied to new tracks of various types. So right from the
start, you can set up your tracks for a specific sound (see the chapter
“Working with Track Presets” on page 288).

= VST Instruments

The VST Instruments included with Cubase are the best way to experi-
ence VST Sound out of the box. They provide more than 1000 sounds
that can be searched, sorted and previewed conveniently (see the chap-
ter “VST Instruments and Instrument tracks” on page 169.
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The VST Sound features can easily be recognized by the
VST Sound symbol.

O

The VST Sound symbol

What is the MediaBay?

Modern music production involves having to deal with a
multitude of media files, such as audio, MIDI and video files.

Cubase features a powerful media file management data-
base that allows you to control all your media files from
within your sequencer program, similar to what you can do
in the Windows Explorer or Mac OS Finder. This may in-
volve several different tasks:

= You can browse the folders of your file system to view
folders and files.

* You can define searches to find specific files and filter
the search results.

* You can organize your files in a folder structure.

* You can use the tagging features to assign your files to
specific categories, and use these categories as the basis
for your searches.

Which file formats are supported?

The following media file formats are supported by the
Media Management System:

= Audio: .wav, .w64, .aiff, .aifc, .rex, .rx2, .mp3, .mp2, .ogg,
.sd2, .wma (Windows only)

= MIDI: .mid and .midiloop
= Video: .avi, .mov, .qt, .mpg, .mpeg, .wmv (Windows only)

= Track Presets: .trackpreset

These are templates for audio tracks, MIDI tracks and instrument tracks.
Track Presets are described in detail in the chapter “Working with Track
Presets” on page 288.

= VST Presets: .vstpreset

VST presets are files containing all parameter settings for a particular
VST plug-in. VST preset files are described in detail in the section “Pre-
viewing MIDI, instrument and VST presets independently of tracks” on
page 293.
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= Pattern banks: .patternbank
Pattern banks contain drum patterns created with the MIDI plug-in “Beat
Designer”, see “Previewing pattern banks” on page 284.

= Project files (from Cubase, Nuendo, Sequel): .cpr, .npr,
.steinberg-project

= When the option “Show file extensions” is activated in
the Preferences dialog (MediaBay page), file name exten-
sions (e.g. .wav or .cpr) will be displayed in the MediaBay.

Accessing the Media Management System

The Media Management System in Cubase can be ac-
cessed via three different preconfigured views: the Media-
Bay, the Loop Browser and the Sound Browser.

To access these, pull down the Media menu and select
“Open MediaBay", “Open Loop Browser” or “Open
Sound Browser” (or use the respective key commands).

Which of these views to use depends entirely on your
working environment, and you may find that you want to
change the default setup to better meet your require-
ments.

= By default, the MediaBay is configured to show all win-
dow sections and display all file types.

If you want to work on media files of various types, if you have to move
files to different locations using the Browser section, or if you want to
perform other general file management tasks, the MediaBay is probably
the best view configuration.

* The Loop Browser is configured to show audio files and
MIDI loops.
Use this if your focus is on working with loops.

= The Sound Browser is focussed on track preset and
VST preset files.

Use this if you want to work with the available presets.

Whenever you read about the “MediaBay” in this manual,
please remember the following:

= The MediaBay is only one of the three preconfigured
views of the Media Management System. Since all controls
are visible in the MediaBay window per default, we will refer
to this view throughout this manual when describing func-
tions. However, the editing methods performed in the
MediaBay can also be applied in the Loop Browser and the
Sound Browser.
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Key commands

Many of the MediaBay functions can be performed using

key commands. These can be found in the Key commands
dialog (Media category). For details on setting up and us-
ing key commands, see the chapter “Key commands” on

page 479.

Navigation

You can use the [Tab] key on your computer keyboard to
move the focus between the different sections of the
MediaBay window. Use the arrow keys to navigate to dif-
ferent folders, files or tags.

Note that the field that has the focus in the Filter section of
the Viewer is shown in light blue.
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Window overview

The Viewer section, see “Finding files in the Viewer section” on page 279.
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The info line

The info line is located at the bottom of the window.

@ Tag Editor

The info line shows the number of files displayed in the
Viewer section and the path to the folder selected in the
Browser section in which these files were found.

MediaBay sections

You can use the buttons below the Browser section to
show/hide the respective sections in the MediaBay win-
dow. The Viewer section cannot be hidden.

[T Jazz Quartet

F= ST TR

@ Browser & Scope @ Tag Editor

Click this button to hide the Browser section.

= You can change the size of the individual sections by
dragging the divider line between two sections.

* When saving a Cubase project, the current status of the
MediaBay is also saved.

This means that if the MediaBay was open when you saved a project, it
will be opened again the next time you open this particular project. The
last MediaBay window configuration will also be restored.
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Browsing for media files

To the left in the default MediaBay window you will find
the Browser section.
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<%
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The Browser section of the MediaBay window

= Note that the Browser section can only show folders;
any media files contained in a selected folder are dis-
played in the Viewer section to the right.

This also depends on the “Deep Results” setting, see “Filtering the
Viewer display” on page 280.
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The VST Sound node

ound
: (W Factory Content
B[] User Content

The VST Sound node in the Browser section

The Browser section provides a shortcut to user content

and factory content files, including the preset folders. You
can find this node at the top of the Browser folder hierar-
chy, at the same level as the File System node.

= The folders below the VST Sound node represent the
folders in which content files and newly created track pre-
sets, VST presets, etc. are stored by default.

To find out the “true” location of such a file, right-click it in the Viewer
section and select “Open in Explorer” (Win)/“Reveal in Finder” (Mac).
This will open an Explorer/Finder window in which the corresponding file
is highlighted.

Scanning operations

When you open the MediaBay, the Loop Browser or the
Sound Browser for the first time, a scan for media files
needs to be performed. Specify which folders or direc-
tories should be included in the scan by activating the
checkboxes to the left of the folder name. Depending on
the amount of media files on your computer, the scan may
take a while. The scan result is saved in the MediaBay da-
tabase.

* To include a folder, activate its checkbox.

v

EJ ----- 7] Bonus Loops
v ] 6

7 Audio Files

These folders will be scanned for files.

* You can restrict the search to individual subfolders.

This will be reflected in the checkbox icon for the folder the subfolder re-
sides in. The checkmark and the box in front of a folder will turn gray if
only some of the subfolders are selected.

[EB¥ES] Factory Content
Pattern Banks
Track Presets
v

Only the VST3 Presets subfolder of the Factory Content folder will be
scanned for files.

The scanning status for the individual folders in the Brow-
ser section is indicated by the color of the icons:

= Ared icon means that this folder is currently being scanned.
= A light grey icon means this folder has been scanned.
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Orange folder icons are displayed when a scanning process
was interrupted.

Yellow icons are displayed for folders that have not been
scanned.

If “Stop scanning folders when closing MediaBay” is ac-
tivated in the Preferences dialog (MediaBay page), Cubase
will scan for media files only when the MediaBay window is
open. When this is deactivated, the folders will be scanned
in background, even when the MediaBay window is closed.
Even if scanning in background is activated, Cubase will not scan folders
while playing back or recording.

Scanning indicator

At the top right in the Viewer section you will find an indi-
cator which shows whether the MediaBay is currently
searching for files.

When this indicator is shown, a
v media search is in progress.

(SN = = O

= Note that this indicator is only shown when scanning
in the foreground (i.e. when you selected a folder to be
scanned). It is not displayed for any background scanning
operations.

igwer

Deep Results

When you activate the “Deep Results” button, the Viewer
shows the files contained in the selected folder and in any
subfolders (without showing these subfolders). When this
button is deactivated, the Viewer shows all folders and
files contained in the selected folder.

TS @

The Deep Results button
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Rescan on Select

When you activate this button, selecting a folder in the
Browser section will cause this folder to be rescanned.
This ensures that the MediaBay will always display the
current content of a folder.

By 2

The “Rescan on Select” button

/\ When a folder contains a large number of media files,
the scanning process may take some time — you may
want to deactivate “Rescan on Select”, if you know
that you have not made any changes to the content of
your media folders since they were last scanned.

= When “Rescan on Select” is deactivated, you can al-
ways right-click in the Browser section and select “Res-
can” from the context menu to force a rescan of the
currently selected folder.

Refresh

In addition to the Rescan option, the context menu for the
selected node or folder in the Browser section (e.g. VST
Sound) also contains a Refresh option. This refreshes the
display for this location without having to rescan the cor-
responding media files.

Use the Refresh option when you have modified tag val-
ues and want to update the Filter section so that the cor-
responding files are listed with the modified tag values.

This is also useful if you have mapped a new network drive
and want this to appear as a node in the Browser section.
Simply select the Refresh option for the parent node (i.e.
Network Drives) and the new drive will appear in the list
(ready to be scanned for media files).

Folder operations

The Browser section shows the folder structure of your
computer's file system in a way very similar to the Win-
dows Explorer or the Mac OS Finder:

= Click on a folder name in the Browser display to select
the corresponding folder.

= Double-click on a folder icon in the Browser display to
open the corresponding folder.
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* You can switch the Browser display between the Full
view and the Focus view.

If you select a folder and switch to the Focus tab only this folder and its
subfolders are shown. When you switch back to the Full view, the entire
file system node can be accessed again.

Erowizer

| 5o |

Full J Focus

J,
] 2udic
v _D Audio

The Focus view for the Audio folder

* You can hide all folders that not being scanned for files
by clicking the “Show MediaBay Managed Items Only”
button.

This will keep the list less cluttered.

= Use the folder navigation buttons to navigate to folders.
Click “Previous Browse Location” or “Next Browse Location” to select
the previous or next folder in a sequence of previously selected folders.
Clicking the “Browse Containing Folder” button will select the parent
folder of the previously selected folder.

=
1Shnw Mediabay Managed Ikems Onlyl
i s e

= The folder navigation
— % | buttons

[=1

The “Create new
folder” button

* You can create a new folder inside the folder by clicking
the “Create New Folder” button (the folder icon).
A dialog is opened in which you can enter a name for the new folder.

= To delete a folder, right-click the folder icon and select
“Delete from Disk” from the context menu.

A warning message is displayed, asking you to confirm that you really
want to move this folder to the operating system'’s trash folder.

= To rename a folder, select it in the list, click on its name
and enter a new name.

* You can drag & drop a folder to another location.
You will be asked if you wish to copy or move the folder to the new
location.
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Browse Selection Presets

If you constantly find yourself returning to specific folders
during your work, you can save these browse locations as
presets so that selecting such a preset will take you to the
folder instantly. Proceed as follows:

1.

2. Click the Add Browse Location Preset button (the “+”
icon).
A naming dialog for the new preset is displayed.

Select the desired folder in the folder display.

3. Accept the default name (the complete folder path) or
enter a new name for the preset.

4. Click OK.
The new preset is added to the Select Browse Location Presets pop-up
menu (which can be opened by clicking on the down arrow).

Audio
v Steinberg

- Metwark, Drives
- Removeable Media

When you now open the Select Browse Location Presets
pop-up menu and select the new preset, the respective
preset folder will be selected in the Browser display.

= To remove a preset from the pop-up menu, select it and
click the “Remove Browse Location Preset” button (the “-"
icon).

= When the Browser section is hidden from view, the Se-
lect Browse Location Presets pop-up menu is shown in
the Viewer section.

This way you do not always have to open the Browser in order to switch
the browse location.

J’ Category (e = (=] . B
- Audio

B stciberg

L [ |

The Select Browse Location Presets pop-up menu in the Viewer
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Finding files in the Viewer section

The Viewer section consists of two panes: the Filter section
at the top and below it, the Viewer display. In the Filter sec-
tion, you can set up filters and define searches for specific

files. The Viewer display lists any files contained in the folder
selected in the Browser, and tags of these files. How to set
up the tag display in the Viewer is described in the section

“Managing the tag lists” on page 284.

= Cubase only: Note that it is only possible to edit tags
in the Viewer if “Allow Editing in Viewer" is activated in the
Preferences dialog (MediaBay page).
When this is deactivated, editing is only possible in the Tag Editor (see
“Editing tags in the Tag Editor” on page 285).
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The Viewer section

Depending on your settings, the number of files displayed
in the Viewer can be huge (the info line at the bottom of
the window shows the number of files found with the cur-
rent filter settings). Therefore, the MediaBay provides a
number of ways to display only specific files and to per-
form very refined file searches.

= The default number of files displayed in the Viewer
section can be set by specifying a new value for “Maximum
Number of Results in Viewer” in the Preferences dialog
(MediaBay page).
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Filtering the Viewer display

The MediaBay provides a number of filter buttons that can
be used to limit the number of files displayed in the Viewer
section. These buttons are situated at the top of the
Viewer section and can be used to show all supported file
types or any combination of file types.

For example, when you activate the audio and the MIDI file
filter buttons, only audio and MIDl files are displayed. When
none (or all) of these buttons are activated, files of all sup-
ported types will be displayed.

IP?[-—]'"E‘EIEIWL

The filter buttons. The display is filtered to show only audio files.

Defining searches for specific files

The filter buttons let you find files according to the folder(s)
they might be located in, or according to their file type.
However, you can also perform very detailed searches for
files that meet certain criteria.

* Cubase only: The Details search mode allows you to
perform a search for a specific file tag value.

You define which tag to search for, e.g. “Name”, and specify the corre-
sponding value, e.g. “myfilename.wav”.

= In Category search mode, the Filter section will display
all values found for a specific tag. Selecting one of these
values will result in a list of files all showing this particular
tag value.

For example, you could look for sample rates and pick 44.1 kHz to give
you a list of all files with that particular sample rate. But Category search
mode becomes really interesting when making extensive use of tagging —
see “Performing a Category search” on page 281 and “Tagging media
files” on page 286.

= Once a search operation is completed, the very first en-
try in the Viewer display is selected. When you now press
[Tab] once, this selected entry will get the focus and you
can use the Up and Down arrow keys to browse the list of
files.
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Performing a Details search (Cubase only)

You can also perform a search for a particular file name in
the file system.

Proceed as follows:

1. Select the root folder of your hard disk in the Browser
section.

2. Select the Details search mode by clicking on the De-
tails tab at the top of the Filter section.

3. By default, the tag selection pop-up menu to the left is
set to “Any Attribute”, and the condition pop-up menu in
the middle is set to “contains”.

Leave these as they are.

4. Enter part of the name of the file that you wish to find
in the text field to the right.

Note how a new search is performed every time you enter another letter.
Detail searches are not case sensitive.

Tag selection pop-up menu
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. > = file name
|__Depails | Categoy [ == Ué here.
contains

¢ MName | & | & | Media Typs

v TrackPresstiudio
VstPreset
! t

| File Type:
Track Pres{~]
YST3 Presd

E Add a hetless 2 your Piano
2 Attack Piano

Ballad Piano
EJ Bright Delta Blues Piano

08 Duinkt E.Diann
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A Details search for files whose names contain “piano”

= The tag selection pop-up menu shows an alphabetical
list of file tags you can choose from. At the top of the pop-
up menu, the MediaBay maintains a smaller list of the last
5 tags selected during previous searches.

Note that you can select more than one tag. This will create an OR con-
dition: the files found will match either one or the other tag. Click OK to
set the tag(s) to search for. How to configure the tag list is described in
the section “Managing the tag lists” on page 284.

= To reset all search fields to their default settings, click
the Reset Filter button in the top right corner of the Filter
section.

This will also reset the tag list settings.

g

The Reset Filter button in the Filter section
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= The condition pop-up menu contains the following
options:

Option Description

contains  The search result must contain the text or number specified in
the text field to the right.

omits The search result must not contain the text or number specified
in the text field to the right.

equals The search result must match the text or number specified in
the text field to the right, including any file extension. Note, how-
ever, that detail searches for text are not case sensitive.

>= The search result must be higher than, or equal to, the number
specified in the field to the right.

<= The search result must be lower than, or equal to, the number
specified in the field to the right.

is empty  You can use this option to find files for which certain tags have
not been specified yet.

range When “range” is selected, you can specify a lower and an up-

per limit for the search result in the fields to the right.

= Note that for all conditions except “range”, you can en-
ter more than one string in the text field (separate different
search strings with a space).

These strings form an AND condition, i.e. the files found will match all
strings entered in the field.

= To open a new filter line, move the mouse pointer to the
right end of the text field and click the “+" button.

This way, you can add up to five filter lines in which you can define further
search conditions. Note that two or more filter lines form an AND condi-
tion, i.e. the files searched for must match the conditions defined in all fil-
ter lines. Click the “-" button for a filter line to remove it.

Performing a Category search

The MediaBay allows you not only to view and edit some
of the standard file attributes found in all computer files,
but it also provides preconfigured tags, or “categories”,
that you can use to organize your media files.

The advantages of such categorization become obvious
when having to find one specific file, e.g. a certain guitar
sound, among a large number of media files from various
contexts, without knowing the name of that file.

/N In Cubase Studio, the Category search is the only
search mode available.
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When you select the Category search mode, the Filter
section will show the tag columns, each with its own list of
tag values. If the columns are wide enough, a number dis-
played before a filter name indicates how many files match
this criteria.

1
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Category search mode. These tag values were found in the currently
selected folder.

By clicking on individual tag values in the tag columns, you
define the search filter: only the files that match the se-
lected tag values will be shown in the Viewer display. Se-
lect more tag values from other columns to further refine
your search.

Only files matching these tag values are displayed in the Viewer.

Details

I

/N The “Category” and “Sub Category” tags are directly
linked to each other: for each Category value, there
are certain Sub Category values available. Changing
the Category value in the first tag column will give you
different values in the Sub Category column! The
same applies to the Style and Sub Style tag values.

Each tag column displays only the tag values found
in the folder selected in the Browser section of the
MediaBay! This means that selecting another folder
in the Browser may lead to the display of different
Category search settings.
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= Selected tag values in the same tag column form an OR
condition.

This means that files must be tagged according to either one or the other
value to be displayed in the Viewer section.

m Altemativedndie

[ e |

Rock/Metal

For the “Style” tag, the files found either have the “Blues” OR the “Jazz"
tag value.

= Tag values in different columns form an AND condition.
This means that files must be tagged according to all these values to be
shown in the Viewer display.

A, Guitar

AlternativedIndie

. Sub Category
d

The files found belong to the “E. Guitar” Sub Category AND show
“Blues” for the Style tag.

Categorization by tagging makes it easy to organize your
media files. How to assign tag values to your files is de-
scribed in the section “The Tag Editor (Cubase only)” on
page 284 and in the section “Tagging media files” on
page 286.

= Cubase only: Note that you can use existing tags or
use the user tag feature (see “Defining user tags” on page
286) to create your own categories.

Category searches are used not only in the MediaBay, but
throughout Cubase in various VST Sound-related con-
texts (see “What is VST Sound?” on page 274).

Further options for Category searches

= The text field at the top serves as an additional name fil-
ter: you can enter a file name or part of a file name here.
This corresponds to a “Name: contains” Details search, which means
that the name of the file must contain the text you enter here. See also
“Performing a Details search (Cubase only)” on page 280.

J Dietails Jl Category _[F T EF'-B ale '::.‘

Category

Sub Category

Rock/Metal

In addition to the filter defined by the tag columns, the file name must
contain “120".
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* You can change which tag type is displayed in each
column by clicking on the column title and selecting an-
other tag from the tag list pop-up menu.

How to configure the tag list is described in the section “Managing the
tag lists” on page 284.

= To select a tag value, simply click on it. To deselect it,
click the value again.
Note that you can select more than one value in each tag column.

= Click the Reset Filter button at the top right of the Filter
section to clear all settings in the tag columns.
This will also reset the tag list settings.

Performing a context menu search

You can use the “Search for" options on the context
menus of the Viewer tabs and the Tag Editor to automati-
cally show only those files that correspond with a certain
tag value of the currently selected file.

Right-click the file with the desired tag value to open the
context menu and select it from the “Search for...” sub-
menu. This way you can easily find all the files that have a
value in common, e.g. if you want to view all files that be-
long to a certain family.

= When you used the context menu search functions,
the “Reset Filter” button in the Filter section will be re-
placed by the “Go Back” button. Clicking this button will
return you to the previous view, rather then resetting all
search options.

Additional Viewer operations

* You can move/copy a file from the Viewer section to an-
other location by clicking and dragging it to another folder
in the Browser section.

You will be asked if you wish to copy or move the file to the new location.

= Toinsert a file into the project, right-click the file and se-
lect one of the “Insert into project” options from the con-
text menu.

This will import this file into your current project, either at the start of the
project or at the current cursor position.

= To delete a file, right-click it in the Viewer and select
“Delete” from the context menu.

A warning message is displayed, asking you to confirm that you really
want to move this file to the operating system’s trash folder.
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= Cubase only: When the option “Allow Editing in Viewer”
is activated in the Preferences dialog (MediaBay page),
you can also edit tags in the Viewer.

Otherwise this is possible only in the Tag Editor.

Previewing files in the Scope section

Below the Viewer you will find the Scope section. It allows
you to play back files selected in the Viewer section.

The elements visible in this section and their functions
depend on the type of media file selected in the Viewer.

/\ The Scope section does not play back video files or
project files. Also, it is not possible to preview audio
track presets in the MediaBay (see below).

Previewing audio files

Transport Preview Auto Play Play in Project
controls level context
! / |
e . Scope | Sync to
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b - } t + .L - +
T T 5 T

The Scope section for an audio file
= To preview an audio file, simply click the Play button.

= When Auto Play is activated, selecting a file in the
Viewer will automatically start playback.

= When “Play in Project context” is activated, the file will
be played back together with the current project, starting
at the current project cursor position.

Note that activating “Play in Project context” may apply realtime time-
stretching to your audio file. When you import an audio file into your pro-
ject, the setting for “Play in Project context” determines whether Musical
mode is activated automatically for this file.

= When “Sync to Main Transport” is activated, the Play
and Stop functions from the Transport panel also control
Play and Stop in the Scope section. To use this, the “Play
in Project context” option also has to be activated.

This option is very useful for previewing audio loops. To use it to its full
extent, set the left locator on the beginning of a bar, then start playing
back the project using the Transport panel. The loops that you now se-
lect in the Viewer section will start together with the project in perfect
sync. Play and Stop of the scope transport can still be used on its own if
needed.

283

Previewing MIDI files
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The Scope section for a MIDI file

= To preview a MIDI file (.mid), you first have to select an
output device in the Output pop-up.

= Auto Play and “Play in Project context” work as for audio
files, see above.

Previewing MIDI loops
= To preview a MIDI loop file, click the Play button.

= Auto Play works as for audio files, see above.
MIDI Loops are always played in the project context.
Previewing track and instrument presets

MIDI In activity
[

J

(] Scope

® MIDI Input @ Choose MIDIFile O Play

The Scope section for a MIDI track preset

Track presets for MIDI or instrument tracks and VST plug-
in presets require MIDI notes for previewing. There are
two ways these notes can be sent to the track preset:

= Click the “MIDI Input” button and play MIDI notes on a
MIDI keyboard connected to your system.

= Clicking “Choose MIDI File" will open a file dialog where
you can navigate to a MIDI file. When you now click “Play”,
the notes received from the MIDI file will be played with
the settings of the track preset applied.

* You can also set the preview level.

Track presets for audio tracks cannot be previewed in the
MediaBay. You can do this in the Presets browser (for fur-
ther information, see “Applying track or VST presets in the
Inspector or the context menu of the track” on page 291).
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Previewing pattern banks

Pattern banks containing drum patterns can be created
with the MIDI plug-in “Beat Designer”. Detailed informa-
tion on the Beat Designer and its functions can be found
in the chapter “MIDI effects” in the separate PDF docu-
ment “Plug-in Reference”. One pattern bank contains 4
subbanks which in turn contain 12 patterns each. In the
Scope section for a pattern bank file, a keyboard-style dis-
play allows you to select a subbank (click on a number at
the top) and a pattern (click on a key).

Transport 1 . Scope m— Auto Play
controls 1 -0 3 a
g = o = s 0 =

The Scope section for a pattern bank

= To preview a pattern, select the pattern bank in the
Viewer section. In the Scope section, choose the desired
subbank and pattern. Then click the Play button.

Note that it is possible that a subbank may also contain empty patterns.
Patterns that contain data are indicated by a circle in the upper part of
the key in the keyboard display. Selecting an empty pattern will have no
effect.

= When Auto Play is activated, selecting a file in the
Viewer will automatically start playback.

When you have found the pattern bank you want to use in
your project, double-click on it in the Viewer section to
create a new MIDI track in the Project window which con-
tains one instance of the Beat Designer using this pattern
bank.

The Tag Editor (Cubase only)

When afile is selected in the Viewer section, the Tag Editor
shows a two-column list of tags and tag values for this file.
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Tags (or “attributes”) for media files are sets of metadata
providing additional information on the file. The different
types of media files have different tags: for example, for
.wav audio files you will find standard tags like name,
length, size, sample rate, etc., while for .mp3 files, addi-
tional tags such as “Artist” or “Genre” are available.

The Media Management System provides further tags,
such as “Category” or “Character”.

You have access not only to the standard tags and the
preconfigured tags provided by Cubase, but you can also
define your own tags and add these to your files (Cubase

only).

/\ In Cubase Studio, tags can be edited only in the
Viewer.

Managing the tag lists

Lists of tags and tag values are used in various places in
the MediaBay window. You can configure these lists and
define certain tag properties in the Manage Tags dialog.

Proceed as follows:

1. Open the Manage Tags dialog by clicking on the Man-
age Tags button in the lower right corner of the MediaBay
window.

2. Click one of the filter buttons at the top of the Manage
Tags dialog to select the file type for which you want to
configure the tag lists.

The Manage Tags dialog shows a list of all tags available for the media
files supported by the MediaBay, and three columns of checkboxes, one
for the Filter section, one for the Viewer and one for the Tag Editor.
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3. Todisplay a certain tag in the Filter section, the Viewer
display or the Tag Editor, activate the corresponding check-
box for this tag:

Manage Tags
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4. Close the Manage Tags dialog by clicking its close
button.
Your settings will be applied.

= The Type column shows whether the value for a tag is a
number, text or a Yes/No-type switch. The Precision col-
umn shows the number of decimals displayed after a point
for number tags.

= Click and drag in the tag display to select several tags
(click somewhere outside the selected area to deselect).
This way, you can activate/deactivate all selected checkboxes in one go.

= To return to the default tag display settings for the Filter,
Viewer and Tag Editor sections, click the “Reset to Default”
button (above the tag display) in the Manage Tags dialog.

Displaying tags in the Tag Editor
You can switch the tag display in the Tag Editor:

= Click on “Managed” to show only the tags activated for
display in the Manage Tags dialog.

Use this view to limit the tag display to those tags that are of interest to you.

= Click on “All" to show all tags for the file selected in the
Viewer for which values are available.

Use this display if you wish to see all tags, including standard file at-
tributes such as Name, Size or Date Modified.

Displaying tags in the Viewer

Most of the time, tags displayed in the MediaBay are
sorted alphabetically. Only in the Viewer can you change
the tag display order:

= Move the mouse pointer to a column heading, click and
drag that heading to another position in the display.
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Editing tags in the Tag Editor

You can use the Tag Editor to edit tag values of the vari-
ous media files. Tag values can be chosen from pop-up
lists, entered as text or numbers or set to Yes or No.

/N In Cubase Studio, tags can be edited only in the
Viewer.

= Note that changing a tag value in the Tag Editor may
permanently change the corresponding file.

When it comes to editing, you will notice that there are dif-
ferent types of tags:

= “Display only”" tags cannot be edited. Their values are
displayed in a lighter color.

In this case, the file format probably does not permit changing this value,
or changing a particular value makes no sense (e.g. you cannot change
the file size in the MediaBay, because you have no way of adding or re-
moving media information).

* When clicking in the Value column for most attributes, a
pop-up menu opens from which you can choose a value.
For some of the pop-up menus there is a “more..." button
to open a window with even more tag values.

These tag selection windows also feature a Text Search button that you
can use to find specific values more quickly.

= Many tag values can also be edited by double-clicking
in the Value column of the Tag Editor.

Simply enter/change the text or number setting in the field displayed for a
value.

= Some of the tags (“Category” and “Sub Category” as
well as “Style” and “Sub Style") are directly linked to each
other. The “Category” pop-up for example allows you to
set a category, and the “Sub Category” pop-up contains
the corresponding sub categories sorted according to the
categories.

By picking a sub category belonging to a different category, the Category
tag will be changed as well (the same is true for Style and Sub Style).

= Clicking in the Value column for the “Character” tag
opens the Edit Character dialog.

Click a radio button on the left or the right side and then click OK to de-
fine values for the Character tag.

= By clicking in the Value column for the Rating tag and
dragging to the left or right, you can rate the file on a scale
from 1 to 5.

For example, use this to indicate the file's sound quality or its suitability
for a certain purpose.
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= To remove the attribute value from the selected files,
right-click in the Value column for the desired attribute
and select “Remove Tag" from the context menu.

Defining user tags

You can define your own tags and save these in the
MediaBay database and the corresponding media files.
You can use such user tags for example to define your
own filter categories, further refining the categorization of
your media files.

To define a user tag, proceed as follows:

1. Open the Manage Tags dialog by clicking the Manage
Tags button in the lower right corner of the MediaBay win-
dow.

2. Click on the Add User Tag button.
The Add User Tag dialog opens.

3. Enter a name for the new tag and define its type.
Tags can be of the types “Text", “Number” or “Yes/No" switch.

= For tags of the type “Number”, you can also specify how
many decimals should be displayed after a decimal point.
Enter the corresponding value in the Precision field.

4. Click OK.

The new tag is added to the list of available tags and can be displayed in
the Tag Editor and the Viewer.

= To remove a user tag from the MediaBay views and da-
tabase, select it in the tag list and click the Remove User
Tag button.

The tag will be removed from the Managed Tags lists in which it was pre-
viously displayed.

= Cubase recognizes all user tags that are included in me-
dia files. If you load content from another user, for example,
who has assigned his own user tags to the files, these tags
will also be shown in the Tag Editor on the All tab.

Because of this, it can happen that user tags that you removed using the
Remove User Tag button will still appear on the All tab in the Tag Editor.
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Tagging media files

The search functions, especially the Category search
mode, become a truly powerful media management tool
when making extensive use of tagging.

Media files are usually organized in complex folder struc-
tures to provide a logical way of guiding the user to the
desired files, with the folder and/or file names indicating
the instrument, style, tempo, etc.

To find a particular sound or loop in such a folder structure
can be very time consuming — tagging is the answer! To
assign a number of meaningful tags, e.g. to a library of
loop files, proceed as follows:

1. Copy the loop files to your hard disk.
Tagging means editing the files, so you need them on your system.

2. Open the MediaBay and browse to where the new
loops are located.

3. Navigate to a folder containing loops.
For example, you might have a folder containing Metal style drum loops,
at 120bpm.

4. Inthe Viewer, select all files contained in this folder.
Make sure that the Deep Results button is deactivated, so that only files
contained in this folder are displayed.

5. Assign tags that reflect the information indicated by
the folder structure.

In the above example, you would put “Metal” as a value for the Style tag,
and “Drums” for the Instrument tag. The Tag Editor also allows you to
display a “Tempo” tag, for which you could specify a value of “120".

You can now use the Category search mode to quickly find
all Metal style drum loops at 120bpm, without the need to
navigate through a large number of folders and subfolders.
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Tagging multiple files simultaneously

There is no limit as to how many files can be tagged at the
same time, but you need to be aware that the tagging of
thousands of files in one go may take quite a while. This
operation is executed in background, so that you can con-
tinue with your work as usual. By looking at the Tagging
Counter in the MediaBay info line you can see how many
files still have to be updated.

The Tagging Counter shows the number of files that still need to be up-
dated.

= The display will be updated immediately in the different
MediaBay sections, even if the values have not been writ-
ten to the corresponding media files yet.

= If you close Cubase before the Tagging Counter has
gone down to zero, a dialog with a progress bar is dis-
played, indicating how long the updating process will take.
You can choose to abort this process if you need to close
the application immediately.

In this case only the files that were updated before you clicked “Abort”
will have the new tag value.

Tagging write-protected files

Media files may be write-protected due to a number of
reasons: They may belong to content that was provided by
someone else who write-protected the files, you may have
write-protected them yourself in order not to overwrite
them accidentally, or they could be generally unwritable
because the file format does not allow write operations by
the MediaBay.

In the MediaBay, the write protection status of files is
shown as an attribute in the Tag Editor and in the Write
Protection column in the Viewer display.
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The Write Protection column in the Viewer display

* Regardless of the write protection status, you can al-
ways change the attribute values of a file in the MediaBay.
If the corresponding file is write-protected, however, these
changes will not be written to disk and occur in the Media-
Bay only.

= If you have set new attribute values for a file that is
write-protected, this will be reflected in the Pending Tags
column.

Note that if you rescan the MediaBay content and a media file on your
hard disk has changed since the last scan, all pending tags for this file
will be lost.

= If a file has pending tags, and you want to write the cor-
responding attributes to the file, you need to remove the
write protection first, and then select the “Write Tags to
File” command from the context menu.

You can change the write-protection status of your media
files, provided that the file type allows write operations
and you have the necessary operation system permis-
sions:

= To set or remove the write protection attribute for a file,
simply select the file in the Viewer display and select “Set/
Remove Write Protection” from the context menu.

= If the Write Protection and/or the Pending Tags col-
umn are not visible, you may have to enable the corre-
sponding attributes for the file type in question using the
Manage Tags window, see “Managing the tag lists” on
page 284.

= If you use other programs than Cubase to change the
write-protection status of a file, this will not be reflected in
the MediaBay until you rescan the files! Be aware, how-
ever, that this might lead to further changes in the Media-
Bay content.
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Introduction

Track presets are templates from audio, MIDI or instrument
tracks that can be applied to newly created or existing
tracks of the same type. They contain sound and channel
settings, thus allowing you to quickly browse, preview, se-
lect and change sounds, or reuse channel settings across
projects.

Track Presets are organized in the Sound Browser (a view
of the MediaBay, see “The MediaBay” on page 273) where
you can categorize them with tags.

Types of track presets

There are four kinds of track presets (audio, instrument,
MIDI and Multi) and two kinds of VST presets (VST Instru-
ment presets and VST effect plug-in presets). These are
described in the following sections.

= Note that volume, pan, input gain and input phase will
be restored only when creating a new track from a track
preset.

Audio track presets

Track presets for audio tracks include all settings that “de-
fine” the sound. You can use the factory presets as a start-
ing point for your own editing and save the audio settings
that you optimized for an artist you often work with as a
preset for future recordings.

The following data will be saved in audio track presets:

* Insert FX settings (including VST effect presets)
= EQ settings

= Volume + Pan

* Input Gain + Phase

Instrument track presets

Instrument track presets offer both MIDI and audio features
and are best choice when handling sounds of simple,
mono-timbral VST Instruments. Use instrument track pre-
sets for auditioning your tracks, inspiration, or saving your
preferred sound settings. You can directly extract sounds
from instrument track presets for use in instrument tracks.
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The following data will be saved in instrument track presets:

= Audio Insert FX

Audio EQ

Audio Volume + Pan
Audio Input Gain + Phase
MIDI Insert FX

MIDI Track Parameters
Input Transformer

VST Instrument

Staff settings

Color settings

Drum map settings

MIDI track presets

MIDI tracks should be used for multi-timbral VST Instru-
ments and external instruments. When creating MIDI track
presets you can either include the currently set channel, or
the currently set patch. See “Creating a track preset” on
page 292 for details.

= To ensure that saved MIDI track presets for external in-
struments will work again with the same instrument later,
you should install the instrument as MIDI device, because
in this case the MIDI interface and the connecting ports are
irrelevant. (For this to work, the MIDI device has to have ex-
actly the same name as in the original setup.) For more in-
formation about this, see the separate pdf document “MIDI
Devices".

The following data will be saved in MIDI track presets:

= MIDI Modifiers (Transpose, etc.)

MIDI Inserts (FX)

Output + Channel or Program Change
Input Transformer

Volume + Pan

Staff settings

Color settings

Drum map settings
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Multi track presets

You can use multi track presets e.g. when recording setups
that require several microphones (a drum set or a choir,
where you record always under the same conditions) and
have to edit the resulting tracks in a similar way, or for lay-
ered tracks, where you use several tracks to generate a
certain sound instead of manipulating only one track.

If you select more than one track when creating a track
preset, the settings of all selected tracks will be saved as
one multi track preset. Since you can apply a multi track
preset only if the target tracks are of the same type, num-
ber and sequence as the tracks in the track preset, multi
track presets are useful when you have a recurring situa-
tion with very similar tracks and settings.

VST (Instrument) presets

VST Instrument presets (extension .vstpreset) are VST
presets that behave like instrument track presets in the
context of the Project window and contain a VST Instru-
ment and its settings but no modifiers, MIDI inserts, in-
serts or EQ settings. You can directly extract sounds from
VST presets for use in instrument tracks.

The following data is saved in VST Instrument presets:

= VST Instrument
= VST Instrument settings

VST effect plug-ins are available in VST3 and VST2 for-
mat. Presets for these effects are also saved as VST pre-
sets. These that can be part of audio track presets (see
“Audio track presets” on page 289).

= In this manual, “VST presets” stands for VST3 Instru-
ment presets, unless stated otherwise.

Pattern Banks

Pattern Banks are Presets created for the Beat Designer
MIDI effect. They behave much like track presets. For de-
tailed information, see “Previewing pattern banks” on
page 284 and the chapter “MIDI effects” in the separate
PDF document “Plug-in Reference”.
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Applying track presets

When you apply a track preset, all saved settings are ap-
plied, see “Types of track presets” on page 289. Track
presets can be applied to tracks of their own type only, i.e.
audio track presets to audio tracks, etc. The only excep-
tion are instrument tracks: for these VST presets are also
available. Note that applying VST presets to instrument
tracks leads to removal of modifiers, MIDI inserts, inserts
or EQs, since these settings are not stored in VST pre-
sets, see “Previewing MIDI, instrument and VST presets
independently of tracks” on page 293.

/N Once a track preset is applied, you cannot undo the
changes! It is not possible to remove an applied pre-
set from a track and return to the previous state. If you
are not satisfied with the track settings, you can either
edit the settings manually or apply another preset.

Applying track or VST presets via drag and drop

1. Open the Sound Browser from the Media menu.
The general handling of the Sound Browser is the same as for the
MediaBay, see “The MediaBay" on page 273.
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The Sound Browser
2. Select a MIDI or instrument track preset, or a VST pre-
set.

3. Preview the preset using the preview functions in the
Scope section (for further information, see “Previewing
files in the Scope section” on page 283).

4. Drag and drop it onto a track of the same type.
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= You can also drag and drop track presets from the
Windows Explorer or the Mac OS Finder, but in this case,
no preview for track presets is possible.

Applying track or VST presets in the Inspector
or the context menu of the track

1.
2. Click the VST Sound button in the Inspector or right-
click the track to open the context menu and select “Apply

Track Preset”.
The Presets browser opens. Here, the files are presented in list form.

Select a track in the Project window.

3. Select a track or VST preset from the list.

If needed, activate the Categories option in order to show a customiz-
able filter section that is similar to the one in the MediaBay, see “Perfor-
ming a Category search” on page 281.
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4. Hit the Play button on the Transport panel to preview
the selected audio, MIDI, instrument track or VSTpreset.
All settings from the track preset will be applied in realtime to the se-
lected track. If you set up your target track to a cycle and play back in
loop, previewing will be very comfortable. Note that you cannot preview
multi track presets.

5. Click outside the browser to apply the selected preset
or click the Reset button below the list to return to the un-
changed track.
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Applying a multi track preset

1. Select several tracks in your project.
The selected tracks have to be of the same type, number and sequence
as the tracks in the track preset.

2. Right-click the track to open the context menu and se-
lect “Apply Track Preset”.

The Presets browser opens. Only multi track presets corresponding to
the selection of tracks in the project will be shown.

3. Select a multi track preset from the list.

4. Click outside the browser to apply the selected preset
or click the Reset button below the list to return to the un-
changed track.

Reloading track or VST presets

To revert to the default settings of the applied preset, click
the “Reload Track Preset” button.

Reload Track Preset

Applying Inserts and EQ settings from track
presets

Instead of handling complete track presets, it is also pos-
sible to apply Insert or Equalizer settings from track pre-
sets:

1. Select the desired track, open the Inspector or the
Channel Settings window and click the VST Sound button
on the Inserts or Equalizers tab/section.

The presets pop-up menu is opened.

2. Select “From Track Preset..." in the pop-up menu.
The Presets browser opens, showing all available track presets that con-
tain Inserts or EQ settings.

3. Select the track preset with the desired Inserts or EQs
and click outside the browser.

For information on the general handling of Inserts presets,
see “Effect presets” on page 164. The general handling of
EQ presets is described in the section “Using EQ pre-
sets” on page 125.
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Extracting sound from an instrument track or
VST preset

For instrument tracks, you can extract the “sound” of an
instrument track preset or VST preset, that means the VST
Instrument and its settings.

Proceed as follows:

1. Select the instrument track to which you want to apply
a sound.

2. Click the VST Sound button below the Output Rou-
ting field in the Inspector.

A1 MID Inputs
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The Presets browser opens, showing a list of all available
presets.

3. Select an instrument track preset or VST preset by
double-clicking on it.

The VST instrument and its settings (but no inserts, EQs and modifiers)
of the existing track are overwritten with the data of the track preset. The
previous VST instrument for this instrument track is removed and the new
VST instrument with its settings is set up for the instrument track.

= The VST instrument of an instrument track does not
show up in the VST Instrument window but only in the
Plug-In Information window, see the section “The Plug-in
Information window” on page 167.

Creating a track preset

A track preset is created from an existing audio, MIDI or
instrument track — or several of these tracks. Proceed as
follows:

1. Select one or more tracks in the Project window.
If several tracks are selected, all of them are stored in one combined
multi track preset, see “Multi track presets” on page 290.

2. Right-click one of the selected tracks in the Track list to
open the context menu and select “Create Track Preset”.
The Save Track Preset dialog opens. The buttons on top work like the cor-
responding ones in the MediaBay, see “Folder operations” on page 278.

(‘ Save Track Preset

o o

3. Enter a file name in the “File Name” field.
The track preset file name extension .trackpreset is assigned automatically.

= If you selected a MIDI track, you can include either the
MIDI channel or the MIDI patch in your track preset.
Choose “MIDI channel” from the Include pop-up menu when working
with a completely pre-configured multi-timbral external instrument (for
example, a Sampler) in order to call up the correct channel.

Choose “MIDI Patch” when working with a multi-timbral external instru-
ment (e.g. a MIDI Expander), with all sounds available on all channels, but
changing sounds (patches).

= If you want to use a MIDI track preset for a pre-config-
ured VST Instrument setup, load the VST Instrument(s) in
the VST Instruments window, select a VST Instrument
patch, save the track preset and do not change the patch
afterwards. To ensure this, use a template project with the
VSTi setup included and save the sounds (track presets)
of this template project in specific subfolders, as they only
work within this setup.

4. Open the “Tag Editor” by clicking on the correspond-
ing option and edit the tags.

For more information about the Tag Editor, see “The Tag Editor (Cubase
only)" on page 284.

5. Click OK to create the track preset.

Track presets are saved in the “Track Presets” folder in
default subfolders named according to their track type
(audio, MIDI, instrument and multi). For further information,
see “Where are the settings stored?” on page 478.

/N You cannot change the default folders, but you can
add further subfolders, e.g. “drums” and “choir”.

All presets are available under the (virtual) VST Sound
node, see “The VST Sound node” on page 277.
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Creating tracks from track presets
or VST presets

Using drag and drop

1. Open the Sound Browser from the Media menu.
2. Select atrack or VST preset from the list of all presets.

3. Hit the Play button on the Transport panel to preview
the selected VSTpreset.

All settings will be applied in realtime to the selected track. If you set up
your target track to a cycle and play back in loop, previewing will be very
comfortable. Note that you cannot preview multi track presets.

4. Drag and drop the preset onto the Track list in the Pro-
ject window.

One or more (in case of multi track presets) tracks will be created. If you
drag and drop a VST instrument preset, this will result in an instrument
track.

= You can also drag and drop from the Windows Ex-
plorer or the Mac OS Finder, but in this case, no preview
for MIDI and instrument track presets is possible.

Using the Browse Sounds dialog

1. Right-click the Track list to open the context menu and,
on the Add Track submenu, select “Browse Sounds...".
The Browse Sounds dialog with all available presets opens.

2. Select a track or VST preset from the list of all presets.
At this point you can preview selected MIDI and instrument track presets
as well as VST presets, see “Previewing MIDI, instrument and VST presets
independently of tracks” on page 293. If you want to list a certain track pre-
set type only, open the respective folder in the Browser section.

3. Click OK to create one or more (in case of multi track
presets) tracks.

Using the Add Track function

1. Right-click the Track list to open the context menu and
select the desired option on the context menu.

= If you want to create more than one track of the same
type, enter the number in the Count field.

2. Click “Browse Presets” to open the Browse Presets
section of the “Add Track” dialog with the Category
search and a list of all available presets. For details, see
“Performing a Category search” on page 281.

The view is filtered to show only the corresponding track presets.

= If you want to see the contents of presets subfolders
within the VST Sound node, click the “Show Location”
option to open the Browser section (see “Browsing for
media files” on page 276).

3. Select a track or VST preset.

4, Hit the Play button on the Transport panel to preview
the selected preset.

5. Click OK to create the track.

Notice that the new track will not be named after the track preset.

= This method is not available for multi track presets.

Previewing MIDI, instrument and
VST presets independently of tracks

There are two possibilities for previewing MIDI, instrument
track presets and VST presets in the Sound Browser or in
dialogs with the Browse Presets section open:

Via standard MIDI input

1. Open the “Browse Sounds” dialog and select a MIDI,
an instrument track or a VST preset.

The preview buttons appear on the lower right. (In the Sound Browser,
the preview buttons appear in the Scope section.)
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Track-independent preview, for example a VST preset in the “Browse
Sounds” dialog

2. Make sure the “In ‘All MIDI Inputs'” option is activated
for your MIDI input device (default setting).

Only MIDI data incoming via “All MIDI Inputs” is used for preview.

3. Click the MIDI Input button.

4. Play some MIDI notes via your MIDI input device, for
example a keyboard.
The Activity meter on the far right mirrors the MIDI in activity.
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Using a MIDI file

1. Open the “Browse Sounds” dialog and select a MIDI
or instrument track preset or a VST preset.

The preview buttons appear on the lower right. (In the Sound Browser,
the preview buttons appear in the Scope section.)

2. Click the Choose MIDI File button, select a MIDI file
(.mid) in the file dialog that appears and click OK.

3. Click the MIDI Input button and activate “Play” (the
Play button is now available).
The chosen MIDI file file will be played back with the track or VST preset.

= The MIDI file selection is not saved when closing the

dialogs or the Sound Browser. Therefore, you have to se-
lect a new file the next time you want to preview a preset
using a MIDlI file.
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Track Quick Controls



Introduction

Cubase can give you instant access to up to eight para-
meters of each audio, MIDI or instrument track. This is
done with the aid of the so-called quick controls, set up
on the Quick Controls Inspector tab for these tracks.

The Quick Controls tab can be used as a kind of track con-
trol center, an area in which your most important p